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Acoustical Work of the National Bureau of Standards* 


V. L. CurisLer, National Bureau of Standards, Washington, D. C. 
(Received August 20, 1935) 


N this industrial age the ability to measure 
the intensity and character of different types 

of sounds and from these measurements to learn 
to control the amount of sound at a given place 
is of considerable importance. As sound waves 
are generally of a complex nature and the energy 
is very small, the problem of making such meas- 
urements is a difficult one. Much of the work at 
the National Bureau of Standards has been done 
with the idea of developing better methods of 
measurement. As an incidental feature, sound 
absorption and sound transmission measure- 
ments have been made on numerous commercial 
products. The information gained from these 
measurements has in many cases aided the manu- 
facturer to make a better material and has also 
aided in the solution of many acoustic problems. 
The work of the Sound Section was not started 
until a number of years after the National Bu- 
reau of Standards was organized. In fact a sepa- 
rate section was not established until about 1919. 
In this period at the close of the World War 
there were numerous problems of sound ranging 
and ballistics which needed solution and were 


* Publication Approved by the Director of the National 


Bureau of Standards of the U. S. Department of Com- 
merce. (See note at end of article.) 


being worked on as a result of the War. For some 
two or three years a large portion of the work 
of the section was given to these problems. As 
a result of the sound ranging work a satisfactory 
system was developed in cooperation with the 
Coast and Geodetic Survey which has aided them 
in making surveys off our coasts. The location of 
the survey ship is determined by a combination 
of underwater and radio signals. This method is 
still being used. 

During these early years there were many 
inquiries from architects and others about the 
sound-insulating value of different materials and 
types of construction. The government also 
needed this information in the design of buildings. 

The work in building acoustics was started in 
the basement of the East Building, but this loca- 
tion was found to be very unsatisfactory. As a 
result, the present sound chamber was built, 
being completed in the spring of 1922 (Fig. 1). 


SoUND TRANSMISSION MEASUREMENTS 


Shortly after the sound chamber was com- 
pleted the Lime Association and the Gypsum 
Industries asked the Bureau to make a series of 
measurements to determine whether lime or gyp- 
sum plaster was the better sound absorber and 
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Fic. 1. Sound chamber at National Bureau of Standards. 


which plaster would transmit the less sound. This 
request was the result of a long-standing dispute 
between the two industries as to which plaster 
was the better from the standpoint of sound 
absorption and sound transmission. To settle this 
dispute, a series of panels was built. Two panels 
were built in each case, identical in construction 
except that one panel was plastered with lime 
plaster and the other was plastered with gypsum 
plaster. 

The general conclusions! which resulted from 
these measurements were: that lime plaster trans- 
mitted slightly less sound than gypsum plaster 
when wood-frame construction was used but 
when masonry construction was used the gypsum 
plaster was a trifle the better. From the stand- 
point of sound absorption there was not enough 
difference to be of any practical importance. 


1E, A. Eckhardt and V. L. Chrisler, Transmission and 
Absorption of Sound by Some Building Materials, Bur. 
Stand. Sci. Pap. 21, 37 (1926-27) S526. 


Following this work, measurements were made 
on various types of masonry and wood-frame 
walls and various types of floor construction. 
Also a study was made of the best type of con- 
struction of airplane cabins to prevent the trans- 
mission of sound.* This work on sound transmis- 
sion has continued, but. fewer measurements have 
been made in the past few years. 

When the work on sound transmission was 
first started it was decided that the best method 
of measurement was an electrical one; that is, a 
loudspeaker would be used as a source of sound 
and some form of microphone as a receiver to 
convert the sound into an electric current which 


2(a) V. L. Chrisler, Transmission of Sound Through 
Building Materials, Bur. Stand. Sci. Pap. 22, 227 (1927- 
28) S552. (b) V. L. Chrisler and W. F. Snyder, Trans- 
mission of Sound Through Wall and Floor Structures, Bur. 
Standards J. Research 2, 541 (March, 1929) RP48. 

§V. L. Chrisler and W. F. Snyder, Soundproofing of 
Airplane Cabins, Bur. Standards J. Research 2, 897 (May, 
1929) RP63. 
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ACOUSTICAL WORK AT 
could be amplified and measured. At that time 
loudspeakers were not developed as they are now. 
Hence it was practically impossible to produce 
intense sounds with frequencies below 250 cycles 
per second. Likewise the oscillators available at 
that time produced a current which was not a 
pure sine wave but had large harmonic compo- 
nents. As a result of these limitations of the 
equipment, low frequency sounds were anything 
but pure tones. 

These various difficulties were appreciated from 
the beginning and many of the defects have been 
remedied. This progress has been made possible 
in part by the great improvement of loudspeak- 
ers, microphones, vacuum tubes, etc., during the 
past 15 years. In addition much time has been 
spent in improving the design of oscillators* and 
amplifiers so that at the present time a relatively 
pure sine wave can be supplied to the loud- 
speaker when a pure tone is desired. 


4V. L. Chrisler and W. F. Snyder, The Measurement of 
Sound Absorption, Bur. Standards J. Research 5, 957 
(October, 1930) RP242. 
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The original method of measuring the sound 
levels produced on the two sides of the panel was 
cumbersome and at the lower frequencies tended 
to discriminate in favor of the overtones present. 
As the result of experimental development the 
receiving equipment® has also been greatly im- 
proved and the measurements can be taken in 
approximately one-third of the time that was 
previously required. 


SOUND ABSORPTION MEASUREMENTS 


The first measurements of sound absorption 
were made by the method known as the ‘‘tube 
method.’’® In this method the sample for which 
the sound absorption is to be determined, is 
attached to one end of a telescoping tube. The 
source of sound is placed at the other end and 
the length of the tube adjusted so that a standing 


5 V. L. Chrisler and W. F. Snyder, Recent Sound Trans- 
mission Measurements at the National Bureau of Standards, 
Bur. Standards J. Research 14, 749 (June, 1935) RP800. 

®°H. O. Taylor, A Direct Method of Finding the Value of 
Materials as Sound Absorbers, Phys. Rev. 2, 270 (1913). 





Fic. 2. Reverberation chamber at the National Bureau of Standards. 
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Fic. 3. Measuring sound absorption of people in the reverberation chamber. 


wave system is set up. By measuring the relative 
sound energy at the maximum and minimum 
points in this standing wave system, one can 
theoretically compute the sound absorption co- 
efficient of the sample. For hard materials like 
plaster one may obtain approximately the correct 
result, although there are some serious objections 
to the method. (1) The sound waves travel 
approximately perpendicular to the surface of 
the sample. Experiment indicated that the ab- 
sorption of many materials depends to some ex- 
tent upon the angle at which the sound wave 
strikes the surface. (2) For resilient materials and 
even for plaster on wooden stud construction 
there is often a diaphragm action, and the ab- 
sorption due to the inelastic character of the 
vibration of the panel is often a large proportion 
of the total absorption. The sample which is 
attached to the tube is so small that vibration of 
the sample cannot take place to any considerable 
extent, and hence the sound absorption measured 
in this manner may be less than that which the 
material has when it is installed. 

Because of these inherent defects of the tube 
method it was decided that a reverberation cham- 


ber, similar to that at Riverbank? should be built 
and the sound absorption measurements made by 
the reverberation room method. 

This chamber (Fig. 2) was completed in 1928 and 
work of calibrating the room was started in the au- 
tumn. A loudspeaker was chosen as the source of 
sound, because with it the sound output could 
be varied through a wide range. At this time 
there had not been any satisfactory method of 
recording the sound decay. The observer sat in 
a box (Fig. 3) and determined, by the use of a 
stopwatch or other timing device, the length of 
time that he could hear the sound after the loud- 
speaker was cut off. By making such measure- 
ments, starting froma number of different intensity 
levels, the total absorption could be computed. 
The method was similar to that originated 
by Wallace Sabine.’ After the room was cali- 


7 Paul E. Sabine, The Wallace Clement Sabine Labora- 
tory of Acoustics, Geneva, Illinois, Am. Arch. 116, 1 (July, 
1919). 

8 Wallace Sabine, Reverberation, Am. Arch. 68: 3, 19, 35, 
43, 59, 75, 83 (1900). Eng. Rec. 1: 349, 376, 400, 426, 450, 
477, 503 (1900). 
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“1G. 4. Decay of pure tone in reverberation chamber. 


Fic. 5. Decay of ‘‘warble’’ tone in reverberation chamber. 


brated the absorption of any given material could 
be obtained by determining the length of time 
a sound of given intensity could be heard, first 
in the empty room and again when the sample 
was in the room. From these two times the sound 
absorption coefficient of the sample could be 
computed, assuming the calibration of the cham- 
ber had remained constant. 

This method was laborious, very tiresome for 
the observer and depended upon the observer’s 
ability always to stop the watch just as the sound 
disappeared. Consequently work was soon started 
on designing equipment which would make the 
process an instrumental one and as nearly auto- 
matic as possible. 

The first attempt was to measure the rate 
of decay by making an oscillograph record. 
From these records many important things were 
learned. The most important was that a pure 
tone from a stationary source, especially at low 
frequencies, decayed in a very irregular manner 
(Fig. 4). Before any satisfactory records could 
be obtained, from which the rate of decay could 
be measured, it was necessary to do something 





to make the decay more uniform. After many 
attempts it was found that this could be accom- 
plished by rotating the source and by using a 
‘‘warble” tone (Fig. 5). It was also found that 
rotating vanes were very desirable when a highly 
absorbent sample was placed in the room. (See 
Fig. 6.) 

These expedients, however, did not solve all of 
our difficulties, for it was found that the range 
through which the decay could be measured was 
too limited. Also it was a nuisance to develop 
the necessary number of films for such work, and 
after the films were developed it was difficult to 
determine with any precision the rate of decay. 

To eliminate the necessity of recording the 
sound decay on films it was decided to rectify 
the output of the amplifier and insert a micro- 
ammeter. An attenuator was also placed in the 
input circuit of the amplifier. Sufficient attenua- 
tion was placed in the circuit to get approxi- 
mately full deflection of the microammeter when 
the sound was on. The sound was then cut off 
and the output current from the amplifier started 
to decrease. As the needle of the microammeter 
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Fic. 6. Interior of reverberation chamber at National Bureau of Standards. 


passed across some given point, generally chosen 
at about the middle of the scale, a timer was 
started. The attenuation was then decreased a 
given amount, which increased the output cur- 
rent. When the needle of the meter again passed 
through the given point the timer was stopped. 
This method seemed to give quite satisfactory 
results but it was desirable to eliminate the man- 
ual operation of the timer and attenuator. This 
was done by the proper use of relays’ so that our 
present equipment is entirely automatic. It has 
been in use for over three years and appears to 
be entirely satisfactory. There are now other 
ways of measuring the rate of decay which are 
much faster, but the method which has been de- 
scribed is believed to be one of the most accurate. 

In measuring sound absorption coefficients 
there are other factors which are as important 
as the measuring equipment. For instance the 


9W. F. Snyder, An Automatic Reverberation Meter for 
the Measurement of Sound Absorption, Bur. Standards J. 
Research 9, 47 (July, 1932) RP457. 


coefficient which is obtained depends"? upon the 
size of sample which is used and the relative area 
of the sample and the area of the floor on which 
it is placed for test. The sound absorption also 
depends to a large extent upon the method of 
mounting for many types of samples and in many 
cases this is taken advantage of in actual installa- 
tions. Quite recently bids were asked for a job 
and the specifications required that the noise 
coefficient should not be less than a certain value. 
One of the manufacturers could not meet the 
specification if he cemented his material directly 
to the ceiling. He proposed therefore that he be 
permitted to use a mechanical system of attach- 
ing his material in such a manner as to leave a 
four-inch air space behind it. By this method of 
mounting the noise coefficient of the material 
was increased twenty percent, which was a sufh- 
cient amount to meet the specifications. 

10 V. L. Chrisler, Dependence of Sound Absorption upon 
the Area and Distribution of the Absorbent Material, Bur. 
Standards J. Research 13, 169 (August, 1934) RP700. 
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Fic. 7. Construction of a test sample of acoustic 


Acoustic plaster is a material which offers many 
difficulties. To begin with, the absorption de- 
pends upon the skill of the mechanic who applies 





Fic. 8. Box for determining the relative sound absorption 
values of small samples. 





plaster at the National Bureau of Standards. 


the plaster. It also depends upon the base coat 
and the kind of a frame to which the base coat 
is attached. 

The frames now used are constructed of 2 by 
4’s with approximately a 16” spacing. Formerly 
a lighter frame was used, but it was found that 
when light frames were used, the absorption 
which was obtained for the acoustic plaster at 
128 cycles per second was frequently nearly twice 
as large as that obtained when the frames were 
made of 2 by 4’s. Fig. 7 shows the method of 
applying the acoustic plaster. 


CONSULTING WORK 


As a result of the experimental work which 
has been done a large amount of information has 
been accumulated about acoustic material which 
is of value to other Government departments. 
For instance, by making use of this information 
it has been possible to write a set of Federal 
Specifications for acoustic materials. Many of 
the Government departments are also making 
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Fic. 9. Experimental set-up for testing mufflers for aircraft engines. 


use of the services of the Bureau in a consulting 
capacity in planning acoustical treatment in 
many of the Government buildings. 

An approximate method has been devised for 
measuring the absorption of small samples taken 
from the job to determine whether the material 
supplied complies with the specifications. Fig. 8 
shows the box in which the material is placed to 
make these check measurements. The source of 
sound is at one end of the box and the device for 
receiving the sound is placed at the other end. 
The sample on which it is desired to measure 
the absorption is placed on the top of the box 
and the sound intensity in the box noted. Samples 
whose sound absorption coefficient are known are 
then used and the sound intensities in the box 
noted. From these measurements the absorption 
of the unknown sample can be determined. 


NoIsE MEASUREMENTS 


Another important activity has been that of 
measuring the intensity and in some cases the 





character of different types of noise. A study was 
made of mufflers for airplane engines. Fig. 9 
shows some of the equipment that was set up for 
this purpose. Measurements have been made in 
a number of rooms in Government buildings 
which have been air conditioned, to determine 
whether the noise produced by the air-condition- 
ing equipment was within the limits required 
by the specifications. Other brief studies of this 
nature include testing of sirens for the Justice 
Department, determining the noise level in diving 
suits for the Navy Department, measuring the 
strength of fog signals for the Lighthouse Serv- 
ice, etc. 


SOUND ABSORPTION OF AIR 


Another problem of importance in sound ab- 
sorption measurements is the sound absorption 
of the air. The amount of sound which a given 
volume of air will absorb depends upon the tem- 
perature of the air and the amount of moisture 
it contains. As a result, the sound absorption 
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value of the empty reverberation chamber is not 
constant, but varies from day to day with the 
temperature and moisture content of the air. As 
it is probable that the sound absorption of the 
surfaces of the reverberation chamber remain 
constant, it has seemed desirable to make careful 
measurements of air absorption under different 
conditions so that the absorption of the rever- 
beration chamber could be computed for any 
normal condition. It is probable that the air ab- 
sorption is an important factor in determining 
the acoustic properties of very large auditoriums. 
The general method of attack on this problem is 
similar to that used by Knudsen." 





1 Vern O. Knudsen, The Effect of Humidity upon the 
Absorption of Sound in a Room, and a Determination of the 
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ABSOLUTE SOUND MEASUREMENTS 


One of the most important problems is the 
establishment of a satisfactory standard for the 
absolute measurement of sound intensities. Work 
on it was started about three years ago, but had 
to be temporarily abandoned because of the 
economy program of the Government. At the 
beginning of this fiscal year the work has been 
taken up again. This is a difficult problem but 
with the cooperation of others who are interested 
in this work the Bureau hopes to arrive at a sat- 
isfactory solution. 


Coefficients of Absorption of Sound in Air, J. Acous. Soc. 
Am. 3, 126 (July, 1931); Absorption of Sound in Air, in 
Oxygen, and in Nitrogen—E ffects of Humidity and Tempera- 
ture, ibid. 5, 112 (October, 1933). 


{NoTE. This article is the first of a series of papers describing the acoustic work 
being done at the national bureaus in different countries. Other papers may be 
expected that will describe the acoustic investigations in England, Germany, etc.— 
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A Method for Very Rapid Analysis of Sounds 
Sound Grating Spectroscopy 


Erwin MEYER, Heinrich Hertz Institute for Vibration Research, Berlin* 
(Received June 1, 1935) 


Sound analysis by a single band pass filter requires a 
considerable time, which is inversely proportional to the 
square of the frequency discrimination. Analyzers con- 
sisting of multiple resonators are cumbersome and do not 
cover a continuous frequency band. The paper describes 
a new method based on the dispersing properties of a dif- 
fraction grating analogous to those used in optical analysis 
and equivalent to an infinite number of resonators. The 


WO kinds of ‘methods are used in the tech- 
nique of sound analysis. The first records 
the sound waves oscillographically and analyzes 
them later with more or less loss of time, finding 
thus the partial tones. Up to now the simplest 
acoustical analyzer is perhaps that of Sacia.! 
The sound waves are recorded on a strip of film, 
joined into an endless band, and then picked off 
with the aid of a photo-cell. Following the photo- 
cell is an amplifier containing a tuned electrical 
circuit or a filter. One varies these in their tuning 
or varies the speed of the film so that the 
different partial tones of the sound are recorded 
singly and an analysis is obtained. This method 
is indeed accurate but requires very much time 
so that it is not to be considered as a means for 
the direct determination of the spectral com- 
position of sounds. 

Essentially higher analyzing speeds are at- 
tained by the so-called automatic methods, the 
most important being those with variable reso- 
nant circuits and those with search tones; here 
the analyzing time is already very short. Either 
a resonant circuit has its natural frequency 
varied continuously over the whole frequency 
band, or a search tone glides through the whole 
frequency scale and forms, with the partial 
tones to be analyzed, combination tones which 
in turn excite a circuit with fixed tuning. Both 
methods are fundamentally the same in that the 


* Translated from the original German manuscript by 
F, A. Firestone, and presented by him at the Acoustical 
Society meeting, April 30, 1935. 

1C. F. Sacia, J. Opt. Soc. Am. 9, 487 (1924); G. Dietsch 
and W. Fricke, E.N.T. 9, 341 (1932). 
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sound frequencies are modulated by a 40-kilocycle carrier. 
projected by a ribbon loudspeaker and reflected by a 
curved grating three meters long. The frequency dis. 
crimination thus attained equals that of a 125-cycle band 
selector; the theoretical speed of analysis approaches 0,0} 
second, making it possible to obtain “‘moving pictures” of 
continuously changing sound spectra. 


frequency selecting member must be set into 
oscillation anew for each change of tuning or of 
search tone. The length of time required to 
complete an analysis depends in a double manner 
on the frequency band width of the filter. The 
smaller the band width the greater the accuracy 
of the analysis, but also the longer the time which 
a given partial tone must dwell within the band; 
according to the relation of Kiipfmiiller? the 
time required to excite the resonance, 1, is in- 
versely proportional to the band width of the 
selector, F. On the other hand, the analysis is 
prolonged by decreasing the frequency band 
because the whole frequency range is divided 
into smaller regions, in each of which the reso- 
nance time must be spent. It is thus to be 
expected that the permissible analyzing speed a 
is proportional to the square of the band width, 
F*?, wherein the proportionality factor depends 
on the accuracy which should be attained. This 
relationship is the same for the method of 
variable resonance as for the heterodyne method 
with the search tone outside the analyzing 
frequency range and with a high tuned filter. 
But the relationship is different for the second 
group of search tone methods?’ in which a tuned 
filter is used with a search tone lying in the 
analyzing frequency range, for example, the 
method of M. Grutzmacher.‘ Here the filter 

2K. Kiipfmiiller, E.N.T. 1, 146 (1924). 

’ This difference was first pointed out by C. H. Walter 
who showed that the formula of H. Salinger is not valid 
in this case; Wissensch, Veréffentl. a. dem Siemens- 
Konzers 14, 1 (1935). 


4M. Grutzmacher, E.N.T. 4, 533 (1927). Zeits. f. tech. 
Physik 1, 570 (1929). 
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extends over quite low frequencies from zero 
cycles upwards, so that the mean frequency of 
this range is not larger than the band width; 
on that account the Kiipfmiiller relationship for 
the time constant no longer holds, yielding, for 
this kind of search tone method, considerably 
minimized values for the permissible analyzing 
speed. According to H. Salinger® the highest 
permissible speed a= F?/64. Thus one obtains 
for a filter of F=100 cycles, a= 156 cycles/sec., 
and for a frequency range of 5000 Hz the 
analyzing time is 32 seconds. The method with 
high lying search tone requires approximately 
one-half second, and is thus considerably superior 
to the first method, as was also found recently 
by Schuck.® If one chooses still shorter times, 
he obtains an inaccurate result, which likewise 
was shown in this work. The analyzing time 
depends on the filter time constant, which is a 
given physical magnitude, and cannot be changed 
by any kind of construction of “‘selector’”’; it 
depends solely on the band width of the selector, 
that is, on the desired resolving power. 

In order to shorten the analyzing time of the 
automatic method, it is only necessary to provide 
a large number of resonators, of equal time 
constants, as those, for example, in the vibrating 
reed frequency meter or in the spectrometer of 
Hickman.’ It is evident that given this compli- 
cated arrangement, one cannot obtain a con- 
tinuous filling out of the whole frequency region 
with resonators. In this situation it is expedient 
to consider the optical analyzing method, the 
optical spectroscopy. If one employs, for in- 
stance, a diffraction grating on which light can 
fall, then the different wave-lengths of light are 
concentrated in different parts of the spectrum, 
wherein the wave-lengths are continuously 
arranged. Each wave-length sets up a certain 
system of rays which is equivalent to one 
resonator in the above case. Since infinitely 
many ray systems exist side by side, one has 
infinitely many resonators, which act simul- 
taneously. This spectroscopy gives therefore 

°H. Salinger, E.N.T. 6, 293 (1929). 

®0. H. Schuck, Sound Prism, Proc. Inst. Radio Eng. 
22, 1295 (1934) and H. O. Macdonald and O. H. Schuck, 
J. Frank. Inst. 218, 613 (1934). It is expedient to speak of 
sound prisms and sound spectrometers only when the 


optical analog is essentially fulfilled. 
7C. W. Hickman, J. Acous. Soc. Am. 6, 108 (1934). 
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Fic. 1. General arrangement for grating spectroscopy of 
sound. 


fundamentally a means of forming a spectrum 
much quicker than before, that is, within the 
time constant of a single resonator, and with 
the aid of appropriate apparatus it can be 
observed. The known apparatus of optics for 
research in the breaking up of light int a 
spectrum is the grating, especially in the form 
of the Rowland concave grating. It is but a 
small step to take over this method into 
acoustics. To be sure, it is here necessary to so 
change the frequency of the audible sound that 
the wave-length becomes considerably shortened, 
both for diminishing the dimensions of the 
apparatus, and at the same time to prevent 
the overlapping of different orders of the dif- 
fracted sound. 

Fig. 1 shows the general layout of the research 
apparatus.* The audible sound is picked up with 
a condenser microphone, amplified and led to a 
push pull modulator. To this modulator, which 
works only on the quadratic part of its charac- 
teristic, there comes also the carrier frequency, 
in the present case of 45 kilocycles. At the output, 
the carrier frequency is suppressed and there 
remains only the lower and upper sidebands. 
The first is attenuated by a condenser network, 
while the second is amplified and sent through a 
ribbon loudspeaker. This consists of a very thin 
ribbon 5 mu thick, 6 mm wide and 120 mm long. 
The width of the ribbon is comparable with the 
wave-length while its length is essentially greater 
than the wave-length, so that approximately 
cylindrical waves are radiated. The ribbon stands 
in a strong magnetic field (electromagnet with 
cobalt tips of 20,000 gauss). The ribbon stands 
at the center of a semicircular screen covered 
with sound absorbing material, having a suffi- 
ciently large opening for irradiating the grating. 


8 The research was carried out jointly with E. Phienhaus. 
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Fic. 2. Ultrasound source, and amplifier. 


Since the ribbon is not small compared to the 
wave-length, one obtains a certain directional 
effect in the sound radiation diagram. One uses 
this fact to “illuminate’’ the grating uniformly 
as far as possible by turning the pole of the 
directional characteristic toward the distant posi- 
tion of the grating. This is not only necessary on 
account of the normal falling off of sound 
energy as 1/r, but also on account of the absorp- 
tion in air (about 6 db/m). The sound pressure 
at the grating 4 m distant amounts to 5 dynes 
cm? for one ampere of speaker current. The 
ultrasound coming from the ribbon now falls on 
the grating, the diffraction takes place in the 
well-known manner, whereby by the correct 
dimensioning of the grating the single frequencies 
(wave-lengths) are spread out along the spec- 
trum. For surveying the ultrasound spectrum a 
Wente condenser microphone is used, built with 
a small diaphragm (about 10 mm diameter). 
By means of a high natural frequency of the 
diaphragm (10 mu duralumin foil) and a small 
air-gap (10 mu) the microphone is made suffi- 
ciently sensitive for the high frequency region; 
with this it is possible to measure ultra-sound of 
low intensity up to 120,000 cycles. The micro- 
phone is connected in a Riegger high frequency 
circuit (method of half-resonance curve). After 
this there follows a 4-tube amplifier, followed by 
a square law detector connected to an indicating 
instrument. The amplifier is so constructed that 
it passes no audible sound. 

Fig. 2 shows the exterior view of the ultra- 
sound source and receiver; the first carries, as 
mentioned above, the semicircular screen; the 
microphone (at the right) is mounted at the end 
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of a lever which turns on an axis such that jt 
can move along the spectrum. 

The most essential part of the apparatus js 
the grating which naturally must have much 
greater dimensions than an optical grating on 
account of the greatly different wave-length, 
The wave-length of the ultra-sound in air jg 
about 8 mm; thé grating constant, that is, the 
distance between two adjacent grating elements 
must therefore be about 1 cm. From other con- 
siderations the grating width was confined to 
3 m thus giving 300 grating elements, a small 
number compared to the optical case. One can 
use either a plane or a Rowland concave circular 
grating. The latter is advantageous because it 
is not necessary to use with it a special lens or 
mirror. The schematic arrangement of the 
Rowland concave grating is shown in Fig, 3, 
We consider advantageously as is the custom in 
optics a circular grating of radius r. The source 
T, and the receiver R are mounted on a circle of 
radius r/2, which intersects the grating in M. 
Let P and P, be two grating elements (see small 
sketch). Denoting the angle of incidence by 4, 
the angle of diffraction by 7 and the grating 
constant by d, we first write down what will be 
observed in the first order. This gives the well- 
known grating formula. 


\/d=cos 6+cos (6+7) (1) 
and the resolving power 
\/Ad\=f/Af=n, 


where n is the number of grating elements. 





Focal circle \ , “Grating 


Fic. 3. Circular grating. 
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The idea of resolving power plays an important 
part in optics ; in acoustics one is more interested 
in the absolute frequency discrimination Af. If c 
denotes the velocity of sound, it is 


Af=f/n=c/nyX. (2) 


The magnitude d is none other than the path 
difference between the longest (/) and the shortest 
(s) rays which strike the grating, since d is the 
path difference between the rays to two adjacent 
grating elements. Whereupon 


Af=c/(l-s). (3) 


The absolute frequency discrimination depends 
thus only on the velocity of sound (COz is for 
example better than air) and beyond that on 
how the grating is irradiated. The more obliquely 
it is used the larger /—s becomes and the better 
becomes the resolution. On the basis of the dif- 
fraction formula given above, the grating con- 
stant d can be so chosen that for a given fre- 
quency fy the source radiates back to itself, that 
is, in this case r=0 and one obtains for the 
grating constant as a function of angle of in- 
cidence the equation 


d=c/(fo2 cos 46). (4) 


d is thus no true constant but varies with the 
angle of incidence. For small apertures of the 
grating, that is, for small extent of the grating 
from M, d varies symmetrically on both sides, 
which indeed is attained in some degree in optics 
through the unequal division of the circular arc 
into equal parts along the chord in the con- 
struction of gratings. In the acoustical case a 
comparatively large aperture is needed, and 
Eq. (4) shows that the grating constant increases 
on the side toward the source. The position of 
the other frequencies follows from the combina- 
tion of formulas 1 and 4; from them one obtains 
as in optics the important idea of dispersion, 
that is, the magnitude of the distance which the 
single frequencies lie apart in the spectrum 
(usually measured in angle). 

Thus far the acoustical-optical analogy is very 
close. The essential difference stands first in 
the question of aberrations, that is, in the 
question as to how far it is possible to bring to- 
gether in a point, the single sound rays which 
strike the different grating elements. For the 
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reference frequency fy this sharpness requirement 
is already fulfilled through the choice of the 
grating space d. In observing frequencies other 
than fo the same requirement is fulfilled only 
when the grating aperture is very small, as in 
optics. For larger aperture the rays from the 
edge, as in an objective which is not specially 
corrected, no longer join in a focal point, but 
form a caustic, wherein the pole of the caustic 
is determined by those rays which come from 
the center of the grating. The course of the 
diffracted rays corresponding to each frequency 
can be computed from certain somewhat compli- 
cated geometrical relations, which are obtained 
from Fig. 1. Fig. 4 gives an example of a com- 
putation of sharpness of image for a frequency 
which has the value of 1.07f. The abscissa is the 
angle gy, that is, the angular distance of the dif- 
fracting grating elements from the middle, and 
the ordinate is the distance a@ by which the 
diffracted ray deviates from the pole of the 
caustic through which it should properly pass. 
r is the radius of the circular grating. The 
parameter in the curves is the different positions 
of the source (go). One notes from the figure 
that, as already mentioned, a sharp image is 
possible only for the central rays from the 
grating. The closer one comes to the edge, 
the larger a becomes, and the poorer is the 
definition. The lack of sharpness becomes greater 
as ¢ becomes greater, that is, the more obliquely 
the grating is irradiated. On the other hand, 
we have seen that the resolving power under this 
condition is especially large. Thus we must here 
accept a compromise between aberrations and 
resolving power. Practically, an angle of inci- 
dence of about 65 degrees is chosen. The fore- 
going graph shows that the rays from the edge 
of the grating (g=30° approx.) pass 1.5 cm on 
both sides of the pole of the caustic. There is 
thus a right large error of aberration. To reduce 
this error to a second order we have at our 
disposal the form of the grating. It is possible to 
change a little the shape of that part of the 
grating which is responsible for the diffuseness 
of the image, namely, the edges. The correction 
was made in the following manner. We start out 
with 6 as it appears for a circular grating. The 
present * diffuseness of image was changed by 
changing the shape of the grating and thereby 
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Fic. 4. Dependence of aberrations on the aperture of the 
grating for different incidence angles. 


the angle of incidence at the places in question, 
which was accomplished quite empirically. 
Thereupon, the distribution of the grating con- 
stant was computed again from formula 4, 
which automatically gives a sharp image for 
the reference frequency fo. Then one constructs, 
by reference to the distribution of d, the corre- 
sponding interference position for a frequency 
about 1000 cycles distant from fy) and now 
corrects anew the grating curve according to the 
deviations which the edge rays now have, that 
is, one determines 6 and goes through the calcu- 
lation again. In this manner one succeeds in 
maintaining a perfectly sharp image over a 
wide frequency region. 

Fig. 5 shows the construction of the grating; 
it has a length of 3 m. The grating rods are steel 
needles 3.4 mm diameter, which are fastened in 
two parallel iron plates lying 12 cm apart. 
The construction is technically difficult because 
the grating space must be held correct to 1/50 
mm. The construction of an accurate grating is 
thus here, as in optics, accompanied with great 
difficulty although of a quite different order of 
magnitude. The grating has a theoretical re- 
solving power of 125 cycles and a dispersion of 
8 cm per 1000 cycles. The efficiency of the 


MEYER 


arrangement is shown in Figs. 6, 7 and 8, ip 
which the analysis of tones of different tone 
qualities (organ pipe, relaxation oscillations) and 
noise (spark discharge in loudspeaker, and 
vacuum cleaner) are photographed. For re. 
cording, the position of the microphone in the 
spectrum is coupled with an apparatus which 
deflects the beam of light of the recording instry- 
ment in the abscissa direction. As recording 
instrument an oscillograph loop of 400 cycles 
natural period was used. On account of using a 
square law rectifier, the ordinates in Figs. 6 to 8 
are proportional to energy. The recording time 
amounts to about 1/10 second; it is really 
limited by photographic considerations. 

Fig. 6 shows that the sound grating spectro- 
graph yields a normal spectrum, that is, the fre. 
quencies have equal distances from each other, 
The record of a pure tone shows that in addition 
to the desired principal maximum, secondary 
maxima are obtained. This fact is theoretically 
established; the secondary maxima arise in the 
same manner as in underwater sound technique 
from a group of sound sources, or in short wave 
technique with a group of antennas. If 300 
diffracting elements are in use, 300 secondary 
maxima will lie between adjacent orders of the 
spectrum, the intensities of the secondary 
maxima falling off naturally with the distance 
from the principal maximum. The magnitudes 
of the submaxima are independent of the number 
of elements, when the number is large, and 
have energies proportional to the following series: 
(27/3), (24/5)?, (22/7)? of the principal maxi- 
mum. The first submaximum has thus 4 percent 
of the energy (20 percent of the amplitude) of the 





Fic. 5. Concave grating for ultrasound. 
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Fic. 6. Pure tones of different frequencies, showing 
‘“‘normal spectrum.” 
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Fic. 7. Analyses of complex sounds. 


principal maximum. One sees from Fig. 6 that 
the submaxima are obtained in fact and that 
they decrease with increasing distance from the 
principal maximum. However, their observed 
magnitudes do not agree with the theoretical, 
which is ascribed to the imperfect construction 
of the grating. The secondary maxima are 
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Fic. 8. Additional examples. 


diminished in the present apparatus by having 
the microphone have dimensions comparable 
with the wave-length so that it averages the 
maxima and minima; to be sure, the frequency 
discrimination is thereby diminished, since it 
depends also on the size of the source and re- 
ceiver. The advantage of sound grating spec- 
troscopy is, as already mentioned, the short 
analyzing time. It is obviously given by the time 
of flight of the sound in the interference field, 
or rather by the difference of these times. There 
comes first to the image point the sound with 
the shortest path length s, that is, the ray from 
the closest grating element. Beginning at this 
moment the interference pattern builds itself up 
and is completed when the ray / arrives from 
the most distant grating element. The time of 
this building up 7 is thus given by r= (/—s)/c. 
But according to the Eq. (3) this is the reciprocal 
of the frequency discrimination. We thus obtain 
here also, the relation previously known in 
electrical communications technique that + 
=1/Af. If one neglects the time delay due to 
the path length of the shortest rays, it is possible 
to establish an acoustical spectrum 0.01 second 
later with a resolution of 100 cycles. Thereupon, 
it is conceivable with this method to make a 
cinematographic record of the changes of the 
sound spectrum. 
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Acoustic Impedance of Small Orifices 


L. J. Stv1an, Bell Telephone Laboratories 
(Received May 6, 1935) 


Data are presented giving the measured acoustic react- 
ance and resistance for a number of circular orifices varying 
in diameter from 1 cm down to 0.034 cm, and for a rec- 
tangular orifice 1.9 cm X0.075 cm. The measurements 
were made for various particle velocities, the correspond- 
ing Reynolds numbers varying from 0.7 to 3000, roughly. 
The reactance is found substantially independent of the 


particle velocity; a formula for computing it is given. The 
resistance approaches a constant value as the velocity js 
sufficiently decreased; formulae for computing this “low 
velocity’”’ resistance are given. At larger velocities the 
resistance increases with the velocity. This is discussed 
from the standpoint of a loss of kinetic energy of flow, 
acting besides viscosity and turbulence. 





THE PROBLEM 


HE term ‘“‘small’’ above is used to denote 
smallness of all linear dimensions of the 
orifice as compared with the sound wave-length 
(A,). This paper is chiefly concerned with the 
class of small orifices whose length and diameter 
are comparable in size, i.e., orifices with relatively 
large “end corrections.’’ For these there is little 
analytical theory available, as far as the re- 
sistance component of the impedance is con- 
cerned. It was thought desirable to measure the 
impedances for a number of cases, and empiri- 
cally to select formulae roughly fitting the data. 
A further point investigated in some detail is 
the variation of the resistance component as a 
function of the particle r.m.s. velocity in the 
orifice. The measurements extend over a wide 
range of orifice sizes and of particle velocities 
but are not claimed to be more than rough 
approximations subject to 10-20 percent error. 
The orifice impedance, Z, is viewed as con- 
sisting of two parts: 


Z=Z;+Z.=(Riti1Xi)+(R-+1X,). 


The subscript 7 refers to the internal impedance 
within the orifice proper, the subscript e, to 
the external impedance residing in the ‘end 
correction.”” The measurements give directly the 
values of R=R;+R, and of X=X;+X,. From 
these, the values of X, and R, are deduced by 
assuming that X; and R; may be computed from 
the Helmholtz-Kirchhoff formula for circular 
conduits, and from a corresponding formula 
derived for a channel between parallel planes. 
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THE ORIFICES STUDIED 


Let / be the length, 2a, the diameter of a 
circular orifice. By definition of smallness, (J, @) 
<h,. For a rectangular orifice whose sides are 2a 
and 2), (/, a, b)<),. The orifices are cut in steel 
plates sufficiently rigid to have impedances 
large relative to the orifice impedance. 


Group A 


These measurements were made several years 
ago! on five Holmholtz resonators. 


RESONATOR l 2a 
I 0.051 cm 1.0 cm 
II 0.051 0.5 
Ill 0.051 0.25 
IV 0.08 1.0 
V 0.013 0.206 


Their frequency range covered 58 to 127 c.p.s. 
The mass reactance of the orifice was obtained 
from the measured resonant frequency and the 
known volume of the resonator. The orifice 
resistance was given by the measured “‘pressure 
amplification’ at resonance, i.e., the ratio of the 
pressure amplitude inside the resonator to the 
external driving pressure. 


Group B 


This includes more recent data on the fol- 
lowing : 


ORIFICE /(cm) 2a(cm) 2b(cm) 
B.1 Circular 41 0.051 0.034 
se #2 0.025 0.034 
ss 43 0.013 0.034 
ni =4 0.005 0.034 
sin 25 0.013 0.071 
0.013 0.074 1.9 


B.2 Rectangular 26 


1L. J. Sivian and R. T. Jenkins, Bell Telephone Labor- 
atories, unpublished, June, 1930. 
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Fic. 1. Schematic of arrangement for measuring impedance 
of orifice A. 


The measurement scheme is shown in Fig. 1. 
The pressure (amplitude and phase) is measured 
at P;, just in front of the orifice A, and at any 
point P: in the volume V, back of the orifice. 
The pressures are measured with a small search 
tube attached to the microphone /. The volume 
V has linear dimensions small relative to X,, 
and its impedance is taken as yp,/iVw. This and 
the complex values of p; and po, determine the R 
and X of the orifice.* Most of the data were 
taken at 100 c.p.s., some at 500 c.p.s. 


ORIFICE MAss REACTANCE 


Assume, for the moment, that the plate con- 
taining the orifice (Fig. 2) is infinite in extent. 
Further assume all particles in the planes A,A>_ 
and B,Bz to move with velocities identical as to 
magnitude and phase. Then, neglecting dissipa- 
tion, we may apply Rayleigh’s expression for the 
air mass reactance on a vibrating piston. The 
total reactance of the orifice then is: 

(321+ 16a) pw 
X=X;+X.= : 


37a" 





(1) 








l 1 
X=X;4+X,= pa(—+ 
4ab 3ra*b 





(a*+)*) — (a?+5?)*/? 


+3ab (> -log ——— 
b 


The derivation is based on assumptions entirely 
similar to those used for the circular orifices. 
Eq. (2) gave values within +10 percent of those 
measured, at 100 and 500 c.p.s. 

For all orifices the effective mass measured was 
found to be independent of frequency up to 500 





* See Note I. 
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where p=air density, w=pulsatance. The in- 
ternal orifice reactance, X;, as given by Eq. (1), 
does not allow for the effect of viscosity on mass 
reactance. This can be corrected by evaluating 
the imaginary part of the impedance formula in 
Eq. (2). However, this refinement is unnecessary, 
as far as the data here discussed are concerned. 
Eq. (1) was found to agree with the measured 
values for the Group A orifices, approximately 
to within 10 percent, in the frequency range 
58-127 c.p.s. 

The orifices of Group B.1 were found to have 
mass reactances as given by Eq. (1), to within 
+10 percent, as measured both at 100 c.p.s. and 
500 c.p.s. 

For the rectangular orifice (Group B.2) the 
following mass reactance formula was derived ‘T 


a(a*+6?)!/ 





+a: log 


b(a?+5?)!2 
ey). 
a 


c.p.s., within the errors of these measurements 
which are estimated at about +15 percent. It 
seems likely that Eqs. (1) and (2) would be 
found good approximations for any frequency 
such that A, > (10 maximum orifice dimension). 

Again within the experimental error limits, the 





Tt See Note II. 
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mass reactance was found independent of the 
(mean) air particle velocity in the orifice. 
The velocities ranged from 3 cm/sec. to 8X 103 
cm/sec. though for any one orifice the range 
covered was much smaller. 

One more point in regard to the reactance 
values. Eqs. (1) and (2) assume that the aperture 
is in an infinite wall, so that each side works into 
a semi-infinite space. In the measurements this, 
of course, was not the case. Thus in measure- 
ments on the rectangular orifice, whose longer 
dimension is 1.9 cm, the diameters of the cyl- 
inders on either side of the orifice were only 
2.54 cm and 5.1 cm. However, for an aperture 
opening into a volume enclosed by rigid walls— 
the above mass reactance formulae are fairly 
good approximations if the volume configuration 
permits a substantially unimpeded hemispherical 
propagation from any one point in the aperture 
to any other. 


ORIFICE RESISTANCE AT LOW VELOCITIES 


First let us dispose of the radiation resistance. 
It is negligibly small in comparison with the 
resistance due to viscosity and heat conductivity, 
in all the measurements here reported. In any 
case, it can be quite well computed on the 
principle that for radiators of zero order, having 
dimensions small compared with ,, the power 
radiated depends solely on the volume velocity. 
The radiation resistance for the sphere radiating 
into infinite space, and for the circular piston 
radiating into semi-infinite space are known; 
hence that of any aperture can be determined. 
In what follows, radiation resistance will not be 
considered. 

If the orifice conduit walls are good heat insu- 
lators, the effect of heat conductivity of the air 
may be neglected. If the walls are good heat 
conductors and the conduit diameter is small 





R=R;4+R, 
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relative to the thermal wave-length, isothermal] 
conditions are approached and again heat con. 
ductivity may be neglected. The terms “good 
insulator” and “‘good conductor’”’ refer to the con- 
duction of heat through the walls relative to that 
through the air. For these cases the interna] 
impedance of the orifice is? 


l 1 
-1pw- — 
Ta 2 Ji(ka(—27)"/?) 
ka(—21)'/? Jo(ka(—22)"/?) 








Z;= » (3) 





where k= (wp/2u)'/?, and u=coefficient of air vis- 
cosity. 

In the case where the circumference of the 
orifice is large relative to the thermal wave- 
length, and the walls are maintained at a con- 
stant temperature, Eq. (3) holds approximately, 
provided & is replaced by k’, 


where k’ = (wp /2y’)"/?, 
p= gC 1 + (y—1)(K/pcp)"”), 


K=thermal conductivity; c,=specific heat at 
constant pressure, and y=ratio of specific heats. 
If the walls are good conductors, sufficiently 
thick, the above requirement as to constancy of 
the wall temperature, will be approximately met. 

For the Group A orifices the following pro- 
cedure for computing the resistance, was tested. 
From Eq. (1) which had already been approxi- 
mately checked by experiment, the mass re- 
actance is equal to that of the air in a cylinder 
of a diameter 2a and length L=/+16a/3r. 
Assume now that the orifice resistance is the same 
as that for the above cylindrical conduit, taking 
the portion / of its length to be enclosed by a 
good heat conductor, and the rest (i.e., 16a/37)— 
by an insulator. The acoustic resistance of such a 
conduit is given by 


16a 

3r 1 
+—-iwp-—_—__—__—_—_—_—————_| real (4) 

ra? 2 Ji (ka(—2z)"/?) { part. 


sessment deanna 
ka(—2i)"? Jo(ka( —21)"*) 


21. B. Crandall, Theory of Vibrating Systems and Sound (D. Van Nostrand Co., 1926), p. 237. 
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The computed values agreed with the observed 
resistances, to within 17 percent or better. 
Considering the arbitrariness of the above 
assumption as to the resistance of the air outside 
the orifice proper, this agreement is rather un- 
expected, expecially for resonators I, II and III 
where the computed external air resistance con- 
stitutes the larger part of the result given by 
Eq. (4). 

For the orifices of Group B.1 the resistance R 
was also computed from Eq. (4). This method of 
computing the external resistance, R., is as 
arbitrary as for the Group A orifices. In addition, 
the computation of R; in accordance with Eq. (4) 
is less justifiable. The ratio of orifice circum- 
ference to thermal wave-length is not nearly as 
large as postulated by the theory underlying 
Eq. (4). The smaller the orifice and the lower the 
frequency, the poorer the approximation to 
the theoretical conditions. Actually the computed 
values of R were found within 15 percent or 
better of the measured values, both at 100 and 
500 c.p.s. 

For the rectangular orifice (Group B.2), the 
computation is as follows. The internal re- 
sistance, R;, is taken as for a slit between parallel 
walls, which is approximately : 








twpl 
R= | — [real part. (5) 
4 tanh ((27)'/k’a) > 
ta _ - | 
(27)'/*k’a 


The theory assumes that a is large relative to the 
thermal wave-length, and that the orifice walls 
are good heat conductors. It is also implied that 
b>a so that end corrections may be neglected ; 
such was the case for the orifice measured. 

Now, as to the resistance R, of the air outside 
the orifice proper. It is essential to recognize 
that even for a very oblong aperture (2b>2a) 
the divergence is spherical rather than cylin- 
drical, since we assume b<),. As a rough trial 
then we take R, to be equal to the resistance of 
a circular conduit whose radius ¢ is given by 
m?’=4ab. This can be evaluated by means of 
Eq. (3). The total orifice resistance R= R,+R;: 


FREQ. R; R, Reale. Robs. 


100“ 0.08 0.23 0.31 0.27 
500 0.09 0.47 0.56 0.53 
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ORIFICE RESISTANCE AT HIGH VELOCITIES 


Let U» be the r.m.s. velocity of the air particles 
in an orifice, averaged over its aperture area. 
The orifice reactance has been found to be sub- 
stantially independent of Uo, within the range of 
velocities here employed. The resistance R, on 
the other hand, increases in a marked degree 
with increasing values of Up». Fig. 3 shows 
R vs. Uo for three of the orifices of Group A. 
Fig. 4 does that for the six orifices in Group B. 
The curves in Fig. 3 show a slight rise in R with 
decreasing values of Uo. No explanation for this 
is offered other than a possible systematic error 
in the experiment. Aside from this, then, R is 
seen to approach asymptotically a minimum 
value as U,» decreases. This limiting value of R 
has been referred to in preceding sections as the 
“low velocity”’ resistance. The departure of R 
from its “low velocity”’ value will be referred to 
as its ‘“‘nonlinearity.’”’ The nonlinearities of all 
orifices are seen to be rather similar in shape, 
and that of any one orifice is not materially 
affected by a fivefold change in frequency (Figs. 
4a, 4c, 4f). This indicates that the nonlinearity 
is a velocity effect, rather than one dependent on 
amplitude or acceleration. 

First, it might be supposed that we are dealing 
with a resistance increase due to turbulence. 
The usual criterion (for d.c. flow, at any rate) is 
the value of the Reynolds number (R.N.). It is 
defined for a conduit of circular section, as: 
R.N.= (Uo: 2a: p)/u. For a conduit of rectangular 
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Fic. 3. Orifice resistance vs. particle velocity for Group A 
circular orifices. 
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section, 2aX2b, such that 2b>2a, the R.N. 
definition is similar: R.N. (U o-2a-p)/u. If Up be 
gradually increased until the R.N. reaches a 
critical upper value, R.N.,, the fluid flow changes 
from a laminar regime to a turbulent one. If the 
velocity of a fluid already in turbulent flow be 
gradually decreased until the R.N. reaches a 
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lower critical value, R.N.;, the turbulent regime 
will disappear and be replaced by laminar flow. 
As is to be expected, R.N.; <R.N... For velocities 
such that R.N.<R.N.;, there is no turbulence. 
The values of R.N., to be found in the literature 
vary over quite a wide range, reflecting the 
experimental uncertainties involved. The value 
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Fics. 4a-f. Orifice resistance vs. particle velocity for Group B orifices: 4a, 4b, 4c, 4d, 4e—cir- 
cular; 4f—rectangular. 
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ACOUSTIC IMPEDANCE 
R.N.;=1200 is the lowest to have come to our 
notice. Usually it is stated that turbulence sets 
in suddenly. However, in one instance at least, 
the author states that there is a gradual transi- 
tion from laminar flow to turbulence between 
R.N.=300 and R.N.= 1400. 

Now, by referring to the data given in Fig. 3 
and Fig. 4 it is seen that the resistance measure- 
ments extended over a range of R.N. values from 
0.7 to 3000 approximately. The measured re- 
sistances show a marked increase over their 
“low velocity” values for R.N. values much 
lower even than R.N.=300. Hence if we may 
assume that d.c. flow observations on turbulence 
are applicable to our a.c. case,—the resistance 
rise apparently is caused by something else than, 
or in addition to, turbulence. Since, to a first 
approximation, the growth of R appears to be a 
velocity effect, there is some justification for 
viewing the matter from the standpoint of d.c. 
air flow. 

We shall estimate the effect of the kinetic 
energy (K.E.) acquired by the air in an orifice on 
the resistance of the latter. Simplifying the 
problem still further, consider the case of an 
orifice A joining two semi-infinite tubes, 7, and 
T2, whose cross sections are much larger than 
that of A. Let the gas pressure in 7, and 7, be 
p, and po, respectively. The tubes are assumed so 
large that p; and p2 remain sensibly constant 
while the velocity, U, of flow through A, is being 
observed. Also, the velocity of the air in the tubes 
is so small compared with the speed in the orifice, 
that its K.E. may be neglected. We further 
assume : (1) turbulence is negligible; (2) the flow 
is adiabatic ; (3) the velocity is uniform over any 
cross section of the air jet; (4) there is no internal 
dissipation. Then the air flow through the orifice 
is isentropic, and as shown in thermodynamics 
texts, 


5 U? = pi (pit — po*)/api%, 


where U=linear velocity and a=(y—1)/y. We 
shall apply this equation to an orifice in which 
viscosity and heat conductivity are effective 
even though that somewhat violates conditions 
(2), (3) and (4). Denoting the orifice area by A, 
and remembering that in practically all cases of 
acoustic interest, (p1— p2)/pi<1, we have to a 
first approximation 
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P,-P2 


Fic. 5. Pressure difference on two sides of orifice vs. 


resultant particle velocity. 


R,=R+3pU/A, (6a) 


where R; is the new orifice resistance and 
R(=R;i+R.) is the “low velocity” resistance. 
If this equation is to be used with slowly alter- 


nating flow, we should write 


Ri=R+}(p- | U|)/A. (6b) 
By plotting the pressure difference (p:— 2) on 
the two sides of the orifice vs. the resultant 
velocity U, a.c. flow is represented by Fig. 5 
corresponding to Eq. (6b). Consequently, if the 
pressure be given a sinusoidal variation, the 
velocity will contain the fundamental and odd 
harmonics. An attempt to verify this conclusion 
by experiment, was unsuccessful. This may have 
been due to the smallness of the harmonics to 
be expected with the particular orifice and 
particle velocity employed. 

The theoretical case represented by Eq. (6b) 
differs importantly from the experimental case, 
as already pointed out. A further important 
omission in the theory should be mentioned. 
The mass reactance of the orifice has been 
neglected, though for the measurements at 100 
c.p.s. and especially at 500 c.p.s. the reactance 
is comparable with the resistance for the circular 
orifices, and even larger for the rectangular ori- 
fice. Nevertheless, it is interesting to compare R 
as derived from Eq. (6b) with the observed 
values, as shown in Figs. 4a—4f, where the com- 
puted values are given as continuous curves. 
To a considerable extent, the observed growth of 
R with increasing U is accounted for by the 
computed curve. It suggests itself, therefore, 


100 a © 


that within the range of particle velocities over 
which measurements have been made, the non- 
linear behavior of the resistance component of 
an orifice impedance can partly be accounted for 
on the basis of kinetic energy of flow. Turbulence 
may also play a part, but it need not be the 
sole cause. 


Note I 


Ideally the plate D (Fig. 1) containing the 
orifice A under measurement, should be rigid as 
also should be the other surfaces enclosing V. 
It is easy to realize this for the latter but the im- 
pedance of the plate D can easily happen to be 
comparable with that of A when 2a is very small. 








xX. | 
Z=R,-———_—_ 
RP+(Xit-X2)? 


When Xo= — ©, Z=R,+7X,, as it should. When 
X¢ is finite, errors will be introduced into both R, 
and X;. They are apt to be very serious for X,. 
Thus suppose —X2=9X, and R;=3X,. Then 
Z=(81/73)Ri+iX1- (—9)/(73), which is wrong 
even as to sign for the reactance term, while the 
resistance term is almost correct. The condition 
for smallness of the error in the reactance is: 
(—X1X2+3X7)>Rz. Since, for an aperture, 
R, increases with the particle velocity, while X, 
and X¢- are substantially independent of it, the 
error in X,; may be expected to increase with 
increasing velocity. That is exactly what hap- 
pened, including the extreme case of apparent 
sign reversal of X,. For this reason the plates D 
were built to taper from a thickness / at the 
aperture to a much greater thickness at the 
clamping edge, thus conforming to the above 
inequality. In this way it was established that 
the aperture reactance X, was largely inde- 
pendent of the aperture velocity over the range 
of velocities tested. 


Note II 


The air mass reactance on a _ rectangular 
aperture is derived on the following assumptions : 
(a) The air particle velocities at all points of the 


aperture, normal to the plane of the aperture, 
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Electrical equivalent of arrangement 


, é e used to 
measure orifice impedance, see Fig. 1. 


Fig. 6 shows the equivalent circuit. X3; is the 
reactance of the air volume V. R; and X, are 
the reactance and resistance of the aperture J, 
Suppose that the test frequency is below the 
first natural frequency of the plate D, so that 
the latter is represented by the elastic reactance 
X». The impedance Z between the terminals 
MN, is: 


"9 X ;)( R?°-X 7) oo (R°+X,’) 
R?°+(X14+X2)" 





are identical; (b) the dimensions (2a, 2b) of 
the aperture are negligibly small as compared 
with the sound wave-length \,;; (c) the aperture 
is set in an infinite baffle. Then in the expression 
for the velocity potential 
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Fic. 7. Acoustic mass reactance of circular aperture (Xc) 
and of rectangular aperture (Xp). 
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unity. The potential at the point (x1, yi) of the aperture due to all points of the aperture, is 


1 wb va dxs * dye Uo 
e=—- Ur | | ———________- = —_.G,, 
2r J—» J—a [ (4¥1—X2)?+(yi— yo)? J? 





The pressure at that point is: p)=iwp-(Uo/27) dX m= (pw/2r)-dx,-dy1:G. 
.G. The mechanical reactance imposed on the 


element (dx1, dy) will be: The total reactance on one face of the aperture: 


pw ab va , 
Xn=— | { dx,-dy,-G 
2r Jb J—a 


pw 16 a+(a?+b?)' b+ (a?+b?)"2 
iain | o+09 me (+b )-+ 30b( Blog —_—_— +a: log———_ —)| 
Zr 3 


b a 








The acoustic reactance for both sides of the aperture is: 


X =pw: 








37a*b* 


; a+(a?+b?)!? b+ (a2+52)"2 
+0" ~ (at + b+ 3ab( d -log — +a-log )I (1) 


a 
A special case is that of an elongated rectangle, such that r=a/b<1. Then X=pw:(1/7b)[3 
+log (2/r) ]. From Eq. (1) the curve in Fig. 7 was plotted, giving X in terms of the rectangle area 


and of the ratio r=a/b. For comparison the reactance (also acoustic, and for both sides) of a circular 
aperture of equal area is shown. 
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A Recording Analyzer for the Audible Frequency Range 


Harry H. Hatt, Cruft Laboratory, Harvard University 
(Received May 16, 1935) 


' INTRODUCTION 


HE STUDY of the acoustics of musical 
instruments requires a rapid method of 
frequency analysis. For any adequate study a 
large number of such analyses are necessary, so 
that automatic recording is essential if an undue 
amount of labor is to be avoided. Furthermore, 
the analyses must be made rapidly enough to 
lie completely within the time during which the 
instrument is sounding in an approximately 
steady state, and this speed also demands auto- 
matic recording. The heterodyne analyzer seems 
to be best adapted to these needs, and what fol- 
lows is a description of one which has been built 
for this purpose. 


METHOD OF OPERATION OF THE HETERODYNE 
ANALYZER 


The principle of the heterodyne analyzer' is so 
familiar that only a brief outline of it need be 
given here. Fig. 1 is a functional diagram of the 
component parts. The band of frequencies to be 
analyzed, which may be impressed electrically or 
may come from a microphone, are led to a 
modulator or nonlinear device. To this modulator 
is applied another wave, in series with the first, 
produced by an oscillator whose frequency may 
be varied from 20,000 to 30,000 cycles. The out- 
put of the modulator then contains a series of 
combination frequencies formed by the interac- 
tion of the incoming band of frequencies and the 
output of the oscillator. If the nonlinear device 
is of the balanced modulator type and has a 
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Fic. 1. Functional diagram of the analyzer. 


1C, R. Moore and A. S. Curtis, Bell Sys. Tech. J. 6, 217 
(1927). 


square-law characteristic it may be shown? that 
the only combination frequencies which will be 
present will be the sum and difference frequency 
bands. That is: 


(1) A band of frequencies formed by the sum of each jn- 
coming frequency and the oscillator frequency. 

(2) A band formed by the difference of each incoming 
frequency and the oscillator frequency. 


The output of the modulator is next applied to a 
narrow band pass filter, the center of whose pass 
band is at 20,000 cycles. If now the frequency of 
the oscillator is varied continuously from 20,000 
to 30,000 cycles, the sum and difference fre- 
quency bands vary with it and the components 
of the difference frequency band will be trans- 
mitted by the filter one after another. When 
transmitted each component actuates a recording 
device in proportion to the logarithm of its ampli- 
tude which may be shown to be proportional in 
turn to the logarithm of the amplitude of the 
corresponding component in the original fre- 
quency band. 


INPUT DEVICE AND AMPLIFIER 


The output of a Western Electric dynamic 
microphone is applied to a low noise attenuator 
and thence to a special grid matching transformer 
as shown in Fig. 2. This actuates the grids of a 
balanced resistance-coupled amplifier which feeds 
the modulator. The output of the oscillator is im- 
pressed upon the grids of the modulator tubes in 
series with the output of the amplifier in the 
manner shown. Since the unit is operated on 
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Fic. 2. Diagram of input stage and modulator. 


2 Cf. reference 1 and J. R. Carson, Proc. I. R. E. 7, 187 
(1919); R. A. Heissing, Proc. I. R. E. 13, 291 (1925). 
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RECORDING ANALYZER FOR AUDIBLE 


alternating current a small amount of hum is 
introduced. This is balanced out by applying a 
small alternating voltage of the proper amplitude 
and phase to the screens of the amplifiers. 


MODULATOR 


In order to prevent the oscillator output from 
submerging the difference frequency components 
near it, that is, those due to very low frequencies 
in the source to be analyzed, a balanced modula- 
tor is used employing triodes selected from stock 
to have as nearly as possible the same character- 
istics. Exact balance is obtained by a simultane- 
ous adjustment of the grid bias of one of the 
modulators and of the position of the tap on the 
resistance across the output transformer. The 
curve shown in Fig. 3 represents the output of 
one of the modulator tubes measured at the out- 
put transformer as a function of grid bias when a 
small, constant amplitude, sinusoidal voltage is 
applied to the grid. Part of this curve, the portion 
between grid potentials of —2 volts and —4 volts, 
is very nearly straight, which indicates that the 
characteristic is very nearly square law within 
this region. The modulator tubes are therefore 
operated at a bias approximately in the center 
of this region, and the sum of the peak voltages 
of oscillator output and of the wave to be ana- 
lyzed is never allowed to exceed its limits. In 
spite of this there probably are small terms of 
higher order than the second in the exact expres- 
sion for the modulator characteristic. These will 
introduce small components of various frequen- 
cies other than those of the sum and difference 
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Fic. 3. Characteristic of one of the modulator tubes when 
a small alternating voltage is applied to the grid. The 
output is measured at the secondary of the transformer. 
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bands? and if the modulator is not exactly bal- 
anced still other frequencies will be introduced. 
In general these will be of negligibly small ampli- 
tude and will not lie in such a frequency range as 
to be passed by the filter. 


OSCILLATOR 


Fig. 4 shows a diagram of the connections of 
the oscillator. The first triode is the oscillator and 
the second is an amplifier. Grid excitation of the 
oscillator is derived through resistance coupling 
from the output of the amplifier. This furnishes 
an output of good wave form and of substantially 
constant amplitude over the range from 20,000 
to 30,000 cycles. The oscillator condenser has 
plates shaped to give a linear frequency variation 
with angular displacement. 





Fic. 4. Diagram of the oscillator. A double triode is used 
containing both units in the same envelope. 


NARROW BAND PAss FILTER 


The filter is fed directly by the output trans- 
former of the modulator which is designed to pass 
frequencies in the neighborhood of 20,000 cycles. 
The filter is of the magnetostrictive type which 
has been described elsewhere.* The center of the 
pass band is at 20,000 cycles. It consists essen- 
tially of a rod of magnetostrictive material, in 
this case nickel, whose length is equal to a half 
wave-length of sound in the material. The rod is 
supported in a brass shield on a transverse pin at 
its midpoint and over each end, coaxial with the 
rod, are placed two coils each of about 5000 turns 
of No. 38 wire as shown in Fig. 5. The coils are 
separated by a partition of brass about one-eighth 
inch thick. The rod has low mechanical damping 
and therefore resonates sharply to frequencies in 
the neighborhood of 20,000 cycles applied to one 
coil, and induces a voltage in the second coil. 


3H. H. Hall, Proc. I. R. E. 21, 1328 (1933). 
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Fic. 6. Attenuation of magnetostrictive filter employing a 
nickel rod. 


Fig. 6 shows the attenuation characteristic of the 
device. This filter differs from the one described 
in the above reference in that nickel is used as a 
vibrator rather than monel metal since monel 
metal was found to have too little damping for 
the purposes of this instrument. A polarizing 
magnetic field is required which is furnished by a 
pair of permanent magnets. The device has an 
impedance at 20,000 cycles of about 20,000 ohms. 
In order to obtain a 60 db attenuation in the 
region outside of the transmitting band, two of 
these filters are used coupled by a vacuum tube 
which gives a characteristic similar to Fig. 6, but 
with twice the attenuation. At low frequencies 
the attenuation of the device is low and a con- 
ventional high pass filter is used to supplement 
the characteristic in this region. 


RECORDING DEVICE 


The output of the filter is applied to a vacuum- 
tube voltmeter with a logarithmic response,‘ 
having a range of 60 decibels which is practically 


*F. V. Hunt, R. S. I. 4, 672 (1933). 
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Fic. 7. Photograph of the analyzer. 


linear, and thence to the horizontally deflecting 
plates of a cathode-ray tube. The screen of the 
cathode-ray tube is photographed by an oscillo- 
graph camera which is geared to the oscillator in 
such a way that the analysis is traced by the 
cathode-ray spot along standard 35 mm record- 
ing paper, a complete analysis from near 0 to 
10,000 cycles covering about 50 cm. A frequency 
scale is photographed at the same time. This is 
produced by projecting the image of a slit, which 
is interrupted by a shutter geared to the oscilla- 
tor, upon the front of the cathode-ray tube screen. 
It is focused upon a concave mirror which serves 
to direct practically all of the light from the slit 
into the camera lens, allowing the use of a 21 cp 
automobile lamp with which to illuminate the slit 
instead of a much more brilliant source. The 
camera and oscillator assembly are driven by a 
synchronous motor through a gear drive which 
furnishes three different analyzing speeds. A rack 
over the cathode-ray tube screen is provided to 
hold an identifying number which is automati- 
cally photographed at the beginning of each rec- 
ord. An analysis is started by pressing a push 
button, and a cam on the condenser shaft opens 
the motor switch after the range up to 10,000 
cycles has been covered. Fig. 7 is a photograph 
of the complete instrument. It is entirely oper- 
ated from the alternating-current mains. 


EXAMPLES OF ANALYSES 


Analyses may be made in 3.78, 6.61 and 10 
seconds, respectively, for the complete range from 
50 to 10,000 cycles. The effect of varying the 
speed of analysis will be discussed below. Fig. 8 
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Fic. 8. Analyses of the output of two oscillators whose 
fundamental frequencies are 1500 and 2000 cycles. The 
upper two analyses are those of the oscillators alone, the 
next of the two outputs superimposed, and the last of the 
two superimposed outputs when that having the 2000- 
cycle fundamental was attenuated by 20 decibels. Analysis 
rate = 1510 cycles/sec.?. 


shows examples of analyses made at the 6.61 
second rate. Each peak represents a frequency 
component in the wave and its height represents 
the amplitude, the vertical scale being calibrated 
directly in decibels with a total range of sixty 
decibels. Thus the amplitude of each component 
may be read off in terms of decibels up or down 
from the fundamental amplitude. The series of 
four analyses are of the outputs of two oscilla- 
tors, the first with a fundamental at 1500 cycles 
shows two distinct harmonics, the second at 2000 
cycles only one. In the next analysis both are 
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Fic. 9. Analyses of the outputs of the two oscillators 
with fundamental frequencies of 1500 and 1700 cycles. 
Analysis rate = 1510 cycles/sec.’. 


applied to the analyzer and the two analyses ap- 
pear superimposed. The fourth analysis is the 
same but with the output of the 2000-cycle 
oscillator attenuated by 20 decibels. The funda- 
mental is seen to be reduced by this amount 
while its harmonic has fallen below the threshold 
of the instrument. It should be observed that the 
two analyses are quite independent and that no 
detectable combination frequencies are produced 
in the analyzer. The set of four analyses of Fig. 9 
are similar except that the peaks representing the 
two fundamental frequencies, which are 1500 and 
1700 cycles, respectively, "now overlap. No ap- 
parent disturbance of one by the other is caused 
by this. Again if the 1700-cycle wave is attenuated 
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Fic. 10. Analyses of the outputs of the two oscillators with fundamental frequencies of 400 


and 500 cycles. Analysis rate = 1510 cycles/sec.?. 
Fic. 11. Analyses of the output of the oscillato 


frequency is successively 100, 200 and 400 cycles. Analysis rate = 1510 cycles/sec.?. 


r having two harmonics when its fundamental 
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20 decibels it is still detectable. But this illustrates 
the limit of resolving power of the instrument at 
this analyzing speed. If the two frequency com- 
ponents to be separated are of the same amplitude 
the resolving power is much better. Fig. 10 shows 
a set of three analyses of the two oscillator waves 
with fundamentals of 400 and 500 cycles, re- 
spectively. Fig. 11 shows analyses of the output 
of the oscillator having two harmonics when its 
fundamental frequency was 100, 200 and 400 
cycles. In these cases the image of the funda- 
mental due to the sum frequency component ap- 
pears to the left of zero. The peak representing 
the fundamental itself (i.e., from the difference 
frequency) is at the right. In the case of the 100- 
cycle fundamental the first harmonic is sub- 
merged by the fundamental peak, while the 
second is just discernible, which illustrates the ex- 
tent to which zero frequency may be approached. 
A 50-cycle fundamental is not too low a frequency 


MULTIVIBRATOR TONE 
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to be recorded, but unless the first harmonic is 
comparable with the fundamental in amplitude, 
it will not appear in the analysis, and the lower 
limit of analyzable frequency therefore depends 
upon the width of the response curve and on the 
amplitude of the first harmonic relative to the 
fundamental. In this case, for a fundamental 
of 200 cycles the wave is just resolved. 

In Fig. 12 are shown a number of analyses 
taken at the 6.61 second rate of waves of such 
character as are likely to be met in practice. The 
first is the spectrum of a 1000-cycle multivibrator 
applied electrically to the analyzer. The fre- 
quency scale is seen to deviate setnentins at the 
higher frequencies, but the percentage accuracy 
of the scale is approximately constant throughout 
the range. Next are two repetitions of an analysis 
of the noise produced by a small vacuum cleaner, 
In this case the sound consists largely of random 
noise. The analyses show a continuous distribu- 
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Fic. 12. Analyses of the output of a 1000-cycle fundamental multivibrator, noise of a small vacuum cleaner, and violin 
sounds. In the analyses of vacuum cleaner noise two hum frequencies may be seen at 1650 and 3300 cycles. Analysis 


rate = 1510 cycles/sec.? 





. Total time to cover 10,000-cycle range =6.61 seconds. 
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SPEECH SOUNDS 





PHONETIC SYMBOL - t APPROXIMATE SOUND - E AS IN “HEAT; : 
> eed oreachurdsscherabersfundtvbtealdie/cadielonedd ood chee 
e 2 A AS IN “LATE” 
co PpoifrinsLteiqecalaceadaveiveebenefiee face fy i fuseu|aagafetaeducssfugteliveebaseetenesfuvsedeeta 
€ , © «8 IN “SET” 
m0: ) Peinvfevvide ss fovrs oy efanyepy HU AAU t} tafe avis l tH [siueditny 
” ; a a AS IN “LAUGH” 
5 Berrredeo ideo afiendiveodeerdoesevuabeeadtveeuuabecedsgtebusaeuefusieuadused sssfeeed usd 
" a A AS IN “FATHER” 
‘ee (i i titeak ssfestifbuvaderuaeeaduevadtsvaldaesficetddutedeiut mt {evtifinlsiutt 
5 . ie] AW AS IN “SAW" ..t 
raf HN Presfcvuuuetetoedvveebetaduaeafeegeovustivusdveredigeaguvssde sso {isuufiaetocea 
¥ ° 1?) AS IN “BOAT” 
60 - 
so i | "] a | fussibesuodnuuelausdf ive wind lsutifuuiebiaal tt | tI | im 
KX 0O aS IN “BOGT” 
60- 4; j 
x0--pi| ‘|! | I" | | il! nin |! nit ciidiuudeeediead et mn | nia ‘| 
S$ Ss AS IN “SIN” 
60 - j 
BL tke ecderqerfeutuatige abbas} eae: pi 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 13. Analyses of the eight cardinal vowel sounds sung by Professor Miles L. Hanley. Analysis rate = 2650 cycles/sec.?. 
Total time to cover 10,000-cycle range =3.78 seconds. 


tion of frequencies of fluctuating amplitude and general with analyses made by others.’ The last 
two steady state frequencies above the continu- example of Fig. 13 shows the result of an attempt 
ous background, at 1650 and 3300 cycles. These to analyze the sound “‘s” as in “‘sin.”’ Similar to 
are identical in both repetitions, while in the case analyses of vacuum cleaner noise in Fig. 12, this 
of the background an envelope covering the consists entirely of random noise distributed con- 
whole distribution is the only characteristic tinuously throughout a more or less definite fre- 
which has any meaning. The lower five analyses quency band. Low frequencies are relatively un- 
are of violin sounds produced by sounding the important, while there is a definite increase in 
violin with a mechanical player. These analyses amplitude of about fifteen decibels between 4000 
show a considerable distribution of steady state and 5000 cycles. Above this the amplitude re- 
frequencies with a few regions of noise near 5000 mains approximately constant all the way out to 
and 7000 cycles. 10,000 cycles. 

Fig. 13 shows analyses of the first eight cardinal 
vowels. These were sung by Professor Miles L. 
Hanley of the University of Wisconsin, and were 


RESPONSE OF A RESONANT ELEMENT TO A 
DRIVING FORCE WHOSE FREQUENCY VARIES 


re a WITH TIME 
analyzed at the 3.78 second rate. The distribution ; ee 
of the components seems to show more than the The effect of a periodic force whose frequency 


two regions of re-enforcement usually assumed for Y@Ules with time upon a resonant element has 





speech sounds. Comparable sounds agree in 5 J. C. Steinberg, J. Acous. Soc. Am. 6, 16 (1934). 
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Fic. 14. Effect of a driving force whose frequency increases linearly with time upon two 
simple resonant elements having different amounts of damping. The element in each case was 
one of the rods of the magnetostrictive filter. The curves are for a rod of monel metal and one 
of nickel. The lower three curves are for two like rods carefully matched in frequency and 


for 





coupled by an amplifier. 


been observed by Barrow® and Schuck.’ The 
amplitude of vibration is observed to increase to 
a maximum as the frequency of the driving force 
passes through the resonance frequency of the 
element. After this the amplitude decays in an 
irregular way, fluctuating rapidly above and be- 
low a mean curve which is approximately ex- 
ponential. The two upper curves of Fig. 14 illus- 
strate this. These curves were obtained by ap- 
plying the output of the oscillator to one element 
only of the filter. Two different magnetostrictive 
rods were used, of monel metal and of nickel, 
respectively, the nickel having considerably more 
damping than the monel. The resonance curves 
of each are shown at the left. To the right are 
shown the responses of each element to the 
oscillator output when its frequency was varied 
through the resonance frequency of the element 
at the three available rates, 1000 cycles/sec.?, 
1510 cycles/sec.2, and 2650 cycles/sec.?. There 
are about the same number of fluctuations per 


6 W. L. Barrow, Ann. d. Physik 11, 147 (1931). 
70. H. Schuck, Proc. I. R. E. 22, 1295 (1934). 


second in the case of the more damped element 
as in that of the less, while in both cases the fre- 
quency of the fluctuations is seen to increase as 
the frequency of the driving voltage passes 
farther away from the resonance frequency of the 
element. The amplitude of the fluctuations ap- 
pears to be larger in the case of the more damped 
element than in the case of the less. It is also ap- 
parent from a comparison of the curves produced 
at the different rates of frequency variation that 
the number of fluctuations within a given fre- 
quency interval of the driving force, decreases as 
the frequency changes more rapidly. 


RESPONSE OF Two RESONANT ELEMENTS 
COUPLED BY AN AMPLIFIER 


The lower curves of Fig. 14 show the resonance 
curves and response curves when two similar 
rods, carefully matched in frequency and coupled 
by a vacuum tube, are used. In both cases the 
fluctuations are largely averaged out, though not 
completely in the case of nickel with the higher 
damping. The slight fluctuations on the decay 
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side of these curves must not be confused with 
the 60-cycle ripple which appears only when the 
cathode-ray spot approaches the edge of the 
screen in the neighborhood of the zero of the scale. 

Another phenomenon occurs when the two 
successive elements are not exactly matched in 
frequency. This effect is shown in Fig. 15. Fluctu- 
ations again appear on the decay side of the 
response curve, their frequency depending upon 
the difference between the natural frequencies 
of the two elements. As the elements are better 
matched in frequency these fluctuations become 
less frequent, and disappear when the difference 
of frequency becomes sufficiently small. The 
fluctuations are less pronounced in the case of the 
greater damping and a larger difference in fre- 
quency between the two elements is required to 
produce noticeable ones. That the shape of the 
response curve is approximately the same 
whether the first element of the pair has the 
higher or the lower natural frequency is shown by 
a comparison of the first and last sets of curves 
for the monel metal elements. 


TwO RESONANT ELEMENTS COUPLED BY AN AMPLIFIER 
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Fic. 15. Effect of a driving force whose frequency in- 
creases linearly with time upon the two rod filter when 
the natural frequencies of the two rods are not matched. 


F,— F;=difference between the natural frequencies of the 
two rods, 
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EFFECT OF THE RATE OF FREQUENCY CHANGE OF 
THE DRIVING FORCE UPON THE SHAPE OF 
THE RESPONSE CURVE 


This discussion concerns the combined re- 
sponse of the two resonant elements coupled by 
an amplifier, which will be designated in what 
follows as the ‘‘filter.”’ 

Comparing again the lower set of curves of 
Fig. 14, the following facts are apparent concern- 
ing the effect of the rate of frequency change of 
the driving force: 

(1) The response of each filter rises throughout a fre- 
quency interval which is proportional to the width of the 
resonance curve, and is practically independent of the rate 
of frequency change of the driving force, at least within 
the limits of rate of change used. 

(2) The response decays in a time interval which is in- 
versely proportional to the width of the resonance curve 
and hence to the damping, and which is likewise inde- 


pendent of the rate of frequency variation of the driving 
force. 


This means that the driving force is effective in 
producing oscillation only when its frequency lies . 
within a region determined by the resonance 
curve of the filter, and that the amplitude of 
oscillation increases throughout this interval and 
then decays exponentially in a time determined 
by the damping. 

In accordance with these ideas the response 
curve may be represented as shown in Fig. 16. 
If we assume that the frequency interval AF; 
within which the driving force is effective in 
causing the filter to vibrate, is proportional to 
the width of the resonance curve, it is then pro- 
portional to the damping factor, and we may 
write. 

AF,= ka, (1) 


where k=a constant, a=damping factor. After 
the frequency of the driving force has traversed 
the interval AF, the amplitude of vibration of the 
filter decays exponentially to the threshold level 
in a time interval AT», which is inversely propor- 
tional to the damping. Thus, 


AT.,=h/a, (2) 


h=a constant. Since the frequency of the driving 
force varies with time, the time interval AT? cor- 
responds to a frequency interval AF2, which 
may be stated 


AF2:= ATM F/dt=h/adF/dt, (3) 
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FREQUENCY 
ATs TIME 


Fic. 16. Diagram of the response curve of the filter. 
AF, =frequency interval within which the driving force is 
effective in causing the elements of the filter to vibrate. 
AT2=time interval required for the amplitude of the 
vibration to fall to the threshold level. AF,=frequency 
interval traversed by the driving force during the time A7>. 


dF /dt= rate of frequency change of driving force. 
Since the horizontal scale of the analysis is 
frequency, the width of the response curve at the 
threshold level is given by the frequency interval, 


AF=AF,+AF2=kath/adF/dt. (4) 


If the derivative of AF with respect to the damp- 
ing be equated to zero we obtain the relation 


ka=h/adF/dt. (5) 
And by substituting (1) and (3) this becomes 
AF,= AF». (6) 


This is the condition for minimum width of re- 
sponse. This means that for a given rate of fre- 
quency change of the driving force there is a 
value of damping of the filter which results in a 
response of minimum width, and that this is 
attained when the interval required for the rise of 
amplitude is equal to that for its decay. 

This result has been obtained empirically from 
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observations of the response of two resonant ele. 
ments coupled by an amplifier. It cannot be ey. 
pected to hold for conditions widely differen; 
from those under which the phenomenon is ob. 
served, especially as regards the rate of change 
of the frequency of the driving force. It does hold, 
however, when this rate of change of frequency 
and the damping are in the neighborhood 0 
values required to produce minimum width of 
response. 

Two more relations may be derived. From Eq. 
(5) we obtain the expression for optimum damp- 
ing or the damping to produce minimum width. 


ao= (h/kd F/dt)'. (7) 


If this is used to eliminate a in Eq. (4) we obtain 
for the minimum width of response 


AFy=2(khd F/dt)}. (8) 


These results are borne out by the lower set of 
curves of Fig. 14. The response of the nickel filter 
at the rate of frequency change of 1000 cycles 
sec.” is approximately minimum width, as shown 
by the symmetry of the curve. The response of 
the monel filter having less damping, is con- 
siderably wider under the same conditions. The 
damping of the monel would be optimum for a 
considerably lower rate of frequency variation. 
In the finished analyzer, therefore, it is the nickel 
filter which is used. Even so the damping could 
profitably be greater for the higher rates of 
analysis. 

The writer wishes to acknowledge his indebted- 
ness to Professor F. A. Saunders and to Dr. F. \. 
Hunt for much helpful encouragement and many 
useful suggestions. 
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Response Measurement and Harmonic Analysis of Violin Tones 


R. B. ABBott, Department of Physics, Purdue University 
(Received June 7, 1935) 


INTRODUCTION 


UR PURPOSE was to get a method of com- 

paring violins by physical measurements of 
their characteristics. The characteristics were 
response, tone-center, quality (tone-structure) 
and tonal-balance of the four strings. These 
measurements were to be made from accurate 
tone analyses made from tones produced by 
standardized methods. An assortment of modern 
makes was to be compared with that of older 
ones. The comparisons were to be made by means 
of tables of data and by plots made from the 
measured characteristics. Correlations between 
prices and measured characteristics were to be 
looked for. 

In order to compare the acoustical character- 
istics of violins, it was found necessary to 
standardize all of the processes used in producing 
the tones to be compared. The human factor had 
to be eliminated because it made standardization 
practically impossible. The variables which had 
to be controlled were pressure, speed and position 
of bow on a string, distance of microphone from 
the violin and its orientation with respect to the 
violin surface. It seems as though little attempt 
at standardization had been made by former in- 
vestigators, which partially accounts for the con- 
flicting results previously obtained. 

To test this conclusion a series of tests was 
made on the A string of a violin. First, the speed 
of the bow was kept constant at 30 cm per second 
while the force of the bow on the string was varied 
from 20 to 200 grams weight. Second, the force 
was kept constant at 70 grams weight while the 
speed of the bow was varied from 15 to 60 cm per 
second. In each case the “response”? was meas- 
ured in decibels. The results are given in Table I. 

In every published paper examined by the 
writer one or more of the above precautions were 
neglected.! Another factor which must be con- 


1See: C. W. Hewlett, Analysis of Complex Sound Waves, 
Phys. Rev. 35, 359 (1912); C. V. Raman, Experiments with 
Mechanically Played Violins, Ind. Assoc. Cultivation 
Science, 19 (1920), and H. Backhaus, Violin Sounds, 
Zeits. f. tech. Physik 509 (1927). 


Bow speed = 30cm per sec. 
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TABLE I. 


“A” string 440 cyc. per sec. Bow 2.5 cm from bridge 
Force = 70 g wt. 











FORCE RESPONSE SPEED RESPONSE 
(g/wt.) (db) (cm/sec.) (db) 
20 91.4 15 83.6 
40 91.4 30 91.6 
50 91.3 60 96.9 
70 91.4 
90 91.4 
110 91.4 
130 91.5 
200 91.6 








sidered is that of standing waves. The microphone 
and violin, it was found, had to be put in a 
‘“‘dead’”’ room while the tones were being meas- 
ured, otherwise the standing wave patterns 
formed for each frequency prevented faithful 
measurements. 

Two methods of mechanical bowing have been 
used in the past. One method has either the bow 
or the violin to move back and forth while the 
other remains fixed. Raman’s? apparatus has the 
bow stationary and the violin moves back and 
forth the length of the bow. In this type of bower 
the tone ceases at each end of the stroke and re- 
verses its phase 180 degrees. During each stroke 
the bow is not pressing against the string with 
constant force and the violin is not at a constant 
distance from the microphone. 

The other method, which is that of the Mills 
Novelty Company of Chicago, uses a flexible disk 
composed of many cones of thin celluloid sepa- 
rated by small rubber washers. It was used in 
their violin-piano player nickel in the slot 
machine. The disk is held so that its rim presses 
on a string and when it is made to revolve the 
rim acts as a bow moving across the string in one 
direction. The tone is not as good as that made by 
a hair bow and there is something about the 
operation which produces a vibrato in the tone. 
It might be possible to improve this type of bower 
to make it satisfactory. 

To meet the required conditions for bowing it 


2C. V. Raman, A Mechanical Violin-Player, Phil. Mag. 
39, 535 (1920). 
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was found necessary to design a mechanical 
bower which would produce a one-way motion of 
a bow for a considerable time at constant speed 
and pressure on the strings. This was accom- 
plished as follows: This new type of mechanical 
bower, illustrated by Fig. 1, seems to have met all 
of the requirements imposed upon such instru- 
ments. The photograph shows the bower and 
violin without the damping vane or motor at- 
tached. This type employs a method like the 
“endless rope’’ power transmission system. It has 
two flat grooved pulleys attached to a rod and a 
long fine thread or silver wire wound around the 
pulleys so as to form one layer deep. The ends are 
glued together and the strands are kept in place 
by means of fine toothed separators placed in 
front of the pulleys. The strands form an endless 
bow which can be driven by a small motor at 
constant speed in one direction as long as 
required. 

The complete apparatus consists of a rigid 
angle-iron stand upon which is hinged a rectang- 
ular frame. One edge of the frame is fastened to 
hinges attached to the top of the stand. The other 
edge of the frame is attached to the end of a 
spiral spring. Clamps are fastened to each end of 
the frame for holding a violin very much like one 
is held by a person. A large flat sheet of brass, not 
shown, is pivoted to the frame and hangs down in 
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a pan of water which acts as a damper to vibra. 
tions of the frame as a whole. The bar which holds 
the endless bow and pulleys is attached to an 
upright arm of the frame. The bar is adjustable 
so that the bow can be made to press against q 
violin string at any position desired. 

It has been found that the horse hair of g 
violin bow can be replaced by silk strands which 
have been given a treatment with quick harden- 
ing lacquer. Such silk strands have been used in 
this endless-bow apparatus and gave good results, 

To operate this mechanical endless-bow, first, 
fill the pan full of water so that the damping 
vane is covered; second, hang about a 20-gram 
weight on the string to be played and adjust the 
spring-nut so that the bow is just in contact with 
the violin string and then remove the 20-gram 
weight; third, start the motor and adjust the 
speed of the bow by means of the friction gear 
screw until the speed of the bow is about 30 cm 
per second. 

The analyses of tones were made by a crystal 
analyzer and sound level recorder owned by 
Electrical Research Products, Inc., of New York. 
The microphone and violin were operated in the 
sound (dead) room of the same company. For 
photographs and description of apparatus used, 
see a paper given by S. K. Wolf and W. J. Sette. 
The violins were loaned to us by Mr. J. C. Free- 
man of the Wurlitzer Company of New York, and 
were carefully adjusted and put in good condition 
before leaving the store. 

The retail prices of the violins were considered 
as their true value from a musical standpoint. 
The prices ranged from $25 to $250 each for the 
modern makes, and from $1200 to $10,000 each 
for the older makes. In the latter case age and 
reputation of the maker evidently were important 
factors in determining the prices. 


RESPONSE 


Since the power input was the same for all 
violins compared, the output would be a function 
of their relative efficiency. This output has been 
called the “‘response.”’ The output was given by 
the sound level recorder in decibels above a cer- 

3S. K. Wolf and W. J. Sette, Some Applications of 
Modern Acoustical Apparatus, J. Acous. Soc. Am. 6, 160 
(1935). 
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TABLE II. TABLE III. TABLE IV. TABLE V. 
RESPONSE TONAL-BALANCE 


FuLt TONES TONE-CENTROIDS 


QUALITY 
PARTIAL TONES 
MEAN DEVIATIONS 


OPEN STRING TONES 
DEVIATIONS 
A 








price G D A E Torar G D A E G E SuM G D A E MEAN 
150 83.4 87.2 76.9 85.2 90.5 606 729 1674 2318 1215 +0.2 +40 -6.3 +2.0 12.5 10.1 11.5 5.0 9.0 8.9 
200 84.2 84.9 88.1 85.1 91.9 464 571 701 2495 1015 —-1.3 -0.7 +2.5 -—0O.5 5.0 9.1 11.2 9.0 7.9 9.6 
2 «85.7 85.7 82.5 88.8 92.3 559 641 1610 2160 1414 0.0 00 —3.2 +3.1 6.3 7.0 6.4 7.4 12.4 8.3 
200 84.3 90.4 81.1 84.4 92.5 820 570 1685 2832 1043 —-0.7 +54 -—-3.9 -0.6 10.6 8.3 6.6 4.7 11.4 7.75 
250 85.2 89.8 84.7 83.0 92.5 776 «381 768 2447 753 -—0.5 +41 -10 —-—2.7 8.3 7.8 10.3 7.7 10.0 8.95 
125 87.3 87.9 83.8 87.1 92.8 571 486 1046 2127 1026 +0.8 +1.4 -2.7 +0.6 5.5 8.8 10.6 6.7 13.0 10.0 
50 83.1 89.8 87.7 85.4 93.2 791 520 1081 2974 i111 -34 +3.3 +12 —1.1 9.0 9.3 8.0 8.7 1 8.4 
75 $9.2 87.5 814 87.6 93.3 686 544 1203 2074 1055 +2.8 +1.1 -—-5.0 +1.2 10.1 9.2 8.4 7.8 10.6 9.0 
100 87.5 89.3 86.4 84.9 93.3 820 682 2168 2550 1287 +0.5 +2.3 -06 -—2.1 La 9.1 12.2 8.1 12.3 10.4 
35 84.3 91.1 81.6 87.0 93.9 818 813 994 1305 970 —1.7 +5.1 -44 41.0 12.2 11.3 12.0 8.5 8.9 10.2 
100 87.4 89.4 85.8 91.0 94.8 700 525 859 1479 990 —-10 +10 -2.6 +2.6 7.2 10.7 9.1 7.0 12.8 9.9 
Ave. 85.6 88.5 83.6 86.3 92.8 691 588 1172 2251 1080 1.2 2.6 3.0 1.6 8.4 9.2 9.7 7.3 10.6 9.2 
4500 85.8 91.3 83.6 89.5 94.6 756 711 1713 1431 1024 —-1.7 +38 -—3.9 +4+2.0 11.4 6.9 12.7 8.7 10.0 9.6 
3000 84.6 91.1 85.7 91.9 95.9 710 630 1403 1910 1233 —3.7 +2.8 -—2.6 +3.6 12.7 7.1 5.8 11.0 8.8 8.2 
3000 89.6 93.3 90.1 86.8 96.2 694 708 1066 1834 924 —0.4 4+3.3 +0.1 —3.2 7.0 9.6 10.9 6.8 11.8 9.75 
4500 88.5 94.0 90.8 88.5 97.1 723 650 1301 2238 1033 20 +35 +03 —2.0 7.8 7.8 11.6 y A 7.5 8.6 
3000 89.9 93.9 91.0 89.2 97.4 508 489 672 1650 706 —1.1 +2.9 00 —1.8 5.8 10.1 8.4 8.9 7.8 8.8 
10000 88.5 95.7 86.2 89.3 97.6 784 520 1224 1514 752 —1.4 +58 -3.7 -0.6 11.5 6.8 7.4 8.8 12.1 8.8 
4500 91.6 95.0 88.0 88.0 97.7 714 466 1824 2343 875 +10 +44 -2.6 -2.6 10.6 5.3 7.9 8.7 10.6 8.1 
1200 93.9 91.2 92.8 86.8 97.9 603 765 1128 2768 969 +2.7 0.0 +16 —44 8.7 6.2 5.8 ta 4a 7.6 
3000 89.9 94.8 91.9 90.1 98.1 535 463 1178 2183 907 —1.8 +3.1 +0.2 —1.6 6.7 8.1 8.9 10.2 9.4 9.2 
5000 91.0 95.3 91.0 93.0 99.0 590 429 1613 2144 1079 —-1.6 +2.7 -16 +0.4 6.3 6.8 8.7 14.0 11.8 10.3 
Ave. 89.3 93.6 89.1 89.3 97.2 662 583 1312 2001 950 1.7 3.2 2.7 2.2 8.8 7.5 8.8 9.2 10.1 8.9 











tain level. The recorder gave the values of the 
partials in decibels which afterwards were con- 
verted into watts per cm? all added up and re- 
converted into decibels above 10~-'* watt per cm? 
to give the full tone response. The watts per cm? 
for each of the four open strings full-tones were 
added and the result converted into decibels to 
get the ‘‘total response”’ of the four tones in deci- 
bels. The violins were all carefully tuned to the 
pitch of a piano in the studio before the analyses 
were made. The tones of the four open strings for 
eleven modern makes, prices $25 to $250, and 
ten old ones, prices $1200 to $10,000, were 
analyzed in the above manner and results tabu- 
lated together with the price of each instrument 
in Table II. 

It is seen that all but one of the old makes of 
violins (the last 9) show a greater total response 
than any of the modern makes (the first 11); a 
most interesting result. 

Another interesting observation is that the full 
tones of each of the four open strings (G, D, A, E), 
of a violin, are of different values. This character- 
istic of a violin will be referred to as ‘‘tonal- 
balance.”’ 


TONE-CENTER 


The center of a system of partials is analogous 
to the center of gravity of a horizontal beam. The 
tone-centroid is the pitch or frequency of this 
tone-center. It is found by multiplying the in- 


tensity (energy) of each partial by its corre- 
sponding pitch and taking the sum which is then 
divided by the sum of the intensities. The com- 
bined centroid is found by taking the sum of all 
of the products “intensity times frequency”’ in- 
cluding the partials of the tones of the four open 
strings and dividing by the sum of all of their in- 
tensities. In this way a centroid was found for 
the tone of each of the four open strings and a 
combined one was found for all four tones 
together. 

A more accurate combined centroid could be 
obtained by taking all of the tones of the scale 
running from the tone of the open G string all the 
way to the tone of G on the E string. However, it 
would take too much time and labor for the 
amount of accuracy gained. 

The tone-centroid was found to be character- 
istic of the violin from which the tone came: if 
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the tone-center has a high pitch the tone is metal- 
lic and rough, if it is low the tone soft and melo- 
dious. In this way the centroid is useful, also, in 
pointing out the relative position of a viclin’s tone 
quality on the ‘“‘voice scale’’ corresponding to 
soprano, mezzo-soprano, etc. 

The data and results are given in Table III. 
The column headed combined-centroids shows 
that the average centroid for the modern makes 
(first 11) is 1080, while that for the older makes is 
950 cycles per second. This seems to show a trend 
of centroid values increasing toward modern 
violins and decreasing toward the old ones. 


TONAL-BALANCE 


Assuming that the ‘‘response”’ of the tones from 
the open strings should be about the same in 
value, deviations from the mean were computed 
and tabulated for study. Deviations from the 
mean tone together with the sum of the deviations 
are given in Table IV. The sum, in this table, 
gives an indication of the relative unbalanced 
condition of the open string’s tones. 
























































The average values for the modern and old 
makes do not show enough difference to indicate 
any preference. 

The tonal-balance is best represented by a plot 
of the response for each of the four open strings 
arranged in the order of the strings, G, D, A, E, 
see Fig. 2 for the $10,000 violin, and Fig. 3 for 
the average values for the new and old ones. This 
shows that the open string tones are not balanced 
as they should be; the D and A tones, in general, 
are stronger than the G and E. The plot of Fig. 
4 shows the response cf the full tones from each of 
the open strings and the total response for all of 
the strings plotted with increasing values of the 
total response covering all twenty-one violins, 
This plot shows how much stronger the D string 
tone is than the others. 


QUALITY 


The quality or tone-structure has to do with 
the number of partials, their relative distribution 
and intensities. The form of tone-structure is 
best shown graphically by plotting the partial 
intensities with their frequencies. 

Two of these plots are given as follows: Fig. 5, 
shows the graphical analyses of the tones of the 
four open strings of a $25 modern violin, and 
Fig. 6 is the same for a $10,000 J. B. Guadagnini 
violin. Plots for the other 19 violins are not given 
because of lack of space and the fact that they 
have about the same form as those given. That is 
to say, with each violin the G tone has a relatively 
weak fundamental, the D tone has a relatively 
strong fundamental, while the A and E funda- 
mentals are slightly above the average partial of 
the tone. 
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Fletcher* has given a numerical representation 
of quality (tone-structure) in the form of a series 
of ratios: 


2 3 4 
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Helmholtz® states that tones with a series of 
strong partials up to about the 6th are more 
harmonious and musical; they are perfectly 
sweet and soft if the higher upper partials are 
absent; when the fundamentals predominate the 
quality is rich; when they are weak compared 
with the upper partials, the quality is poor. He 
arrived at these conclusions by experiments with 
synthetic tones. It is here assumed that the series 
of strong partials referred to have approximately 
equal intensities. 

Miller® states after similar experiments, that 
the intensities of the partials should successively 
decrease with increasing frequency for an ideal 


4H. Fletcher, J. Acous. Soc. Am. 6, 59 (1934). 
5 Helmholtz, Sensations of Tone, p. 118. 
6 Miller, Science of Musical Sounds, p. 213. 
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musical tone. The tones from the D strings of 
violins approach Miller’s ideal tones, see Fig, 5 
and Fig. 6, while those of the E string resemble 
Helmholtz musical quality. 

Deviations from Helmholtz form of quality 
were computed by taking the differences between 
the values of partials and the value of the mean 
partial. The means of these deviations tabulated 
for the four tones of open strings on each violin 
are given in Table V. The average deviations 
show a slight preference for the old violins but the 
difference is too small to consider. 

The outstanding results of this work can be 
stated as follows: It is necessary to make all 
measurements under standardized conditions. 
Under these conditions and with accurate meas- 
urements, the response and tone-centroid of a 
violin can be evaluated and used for comparative 
purposes. 

In conclusion, I wish to thank Mr. H. C. Knox 
and Mr. S. K. Wolf for the use of laboratory and 
apparatus, Mr. J. C. Freeman for the use of his 
fine collection of violins, and Mr. W. J. Sette for 
his assistance and technical advice. 
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The Sound Insulating Properties of Certain Building Constructions 


Joun S. PARKINSON, Johns-Manville Corporation 
(Received June 1, 1935) 


HE material presented in this paper is taken 
from tests on the sound insulating proper- 
ties of a number of building constructions tested 
at the Johns-Manville Research Laboratories 
during the past three years. At the time the 
laboratory was constructed it was felt desirable 
to obtain transmission loss data on actual size 
constructions for comparison with similar con- 
structions in smaller panel tests. For this pur- 
pose, four rooms were constructed in the labora- 
tory, 18’ 13’X10' high, so interconnected that 
wall, floor and ceiling tests could be conducted 
between them. The exterior walls of the building 
are of 12” brick construction and there are no 
unprotected window openings. Access to these 
rooms is obtained through exterior door open- 
ings which are sealed with massive 2’’ Transite 
doors mounted with a special sealing mechanism 
in order that there may be no leakage. The net 
transmission loss through two of these doors, 
neglecting losses through radiation in the ex- 
terior atmosphere, is 70 db. During the course 
of the tests it was found that the leakage through 
brick exterior walls of the building was also 
negligible until the transmission loss of the test 
construction reached 70 db. It is to be concluded, 
therefore, that figures obtained in these test 
rooms are reliable for constructions 
transmission loss is less than this figure. 
The method of test followed that outlined for 
sound transmission testing by the Acoustical 
Society Committee. The sound pressure level 
on the source side of the partition was measured 
near the face of the partition at a number of 
points. Measurements on the receiving side of 
the partition were made at an equal number of 
points taken at random through the room. As a 
matter of general practice, three microphone 
positions were taken for frequencies above 300 
cycles, and four to six positions for frequencies 
below this figure. The absorption of the receiving 
room was measured by the reverberation method 
and the transmission loss calculated from the 
formula T.L.=log-10(I./I,) X(A/as), where I, 
is the intensity of the sound striking the source 


whose 
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side of the partition, J, is the average sound 
intensity in the receiving room, A is the area of 
the partition, and as is the absorbing power of 
the receiving room. 

Western Electric condenser and dynamic 
microphones were used throughout these tests, 
the output of the microphone being amplified 
and measured with a rectifying type meter. A 
double throw switch was used on the microphone 
input so that the pressure level on the two sides 
could be measured and compared almost 
instantaneously. The sound picked up by the 
microphones was filtered with a set of octave 
band-pass filters before being amplified and 
measured. 

In most cases, supplementary data were 
obtained on the vibration amplitudes of the two 
exposed sides and of the component parts of the 
construction. These data were obtained with a 
General Electric vibration pickup applied to the 
wall or floor by special devices constructed for 
the purpose. These devices were so made as to 
allow the pickup to rest against the vibrating 
surface with a force approximately equal to its 
own weight. The amplitude of vibration was ob- 
tained from the pickup calibration by simply 
substituting the output of the pickup for the 
output of the microphone in the above-described 
apparatus set-up. From three to six pickup 
positions were used, depending on the frequency. 

Nine frequencies were employed for these 
tests—100, 225, 375, 512, 750, 1024, 1500, 2048 
and 4096 cycles. A warble frequency of plus or 
minus 20 cycles was impressed upon each of 
these test frequencies. A comparison calibration 
of the microphones was made before and after 
each test. It may be noted that there was prac- 
tically no variation in the relative responses of 
the microphones over a period of several months. 
Table I gives an indication of the degree of 
accuracy obtainable by taking the average 
sound pressure level from a number of micro- 
phone positions. Eight positions were taken in 
the receiving room and the maximum and aver- 
age deviations computed. It will be seen that the 
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TABLE I. Variatien in sound pressure level with microphone 
position. 








AVERAGE 
DEVIATION 
FOR 8 
POSITIONS 


AVE. OF 3 
MAXIMUM MAXIMUM 
DEVIATION DEVIATIONS 


AVE. 
ROOM FREQUENCY db 


AVE. 2 
SIDES 





128+20 3.1 db 10.8 db 5.9 db 


5 db 

128420 67.3 1.9 3 3.2 
150+20 s «2 5 2 
150420 68.5 1.3 ; 5 
256 +20 

256 +20 

300 +20 

300 +20 

512420 

512+20 

560 +20 

560+20 

1024+20 

1024 +20 

1070 +20 

1070 +20 

2048 +20 

2048 +20 

2090 +20 

2090 +20 

4096 +20 

4096 +20 








average deviation was 2 db or less for all fre- 
quencies above 200 cycles. This average devia- 
tion is still less when the average of the readings 
on the two sides is considered. In general, these 
figures are characteristic of the results obtained 
at different frequencies. The standing wave 
pattern in the room is much more pronounced at 
the low frequencies. 

During the course of these measurements, a 
comparison was made to determine the relative 
reliability of the various methods employed for 
correcting the intensity reduction factor to ob- 
tain the true transmission loss. As noted, stand- 
ard practice has been to apply the area-absorp- 
tion correction indicated by the formula. In the 
case of a certain set of measurements, this 
correction factor averaged — 6.4 db. The construc- 
tion under test was then removed and the pressure 


level on the two sides of the opening measured 
again. It was found that the average differ- 
ence in level for the nine frequencies in this case 
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was —5.4 db. This type of correction has beep 
applied at various laboratories. The sound pres. 
sure level immediately adjacent to the receiving 
room side of the panel was also compared with 
the average level observed throughout the room, 
the readings adjacent to the panel all being 
taken within a distance of 3 ft. Here it was found 
that the différences averaged —5.7 db. The 
various methods of correction gave results which 
varied less than 1 db in this case. The absorption 
of the receiving room, however, was quite large, 
being of the order of 100 units or more for all 
frequencies. 

It is probable that in cases where the absorp- 
tion of the receiving room is small, so that the 
factor (A/as) is greater than unity, the cor- 
rection supplied by either the second or third 
method would not be large enough. It will be 
apparent that the intensity in the source room, 
adjacent to the opening with the construction 
removed, can never be less than the average 
intensity in the receiving room. It will also be 
apparent that the intensity immediately adja- 
cent to the panel can never be less than the 
average intensity throughout the receiving room. 
For this reason, the correction can never be a 
plus figure, whereas the type of correction indi- 
cated by the formula may be of this order. It 
appears probable, therefore, that the various 
methods of correction approach each other only 
in cases such as the one described, where the 
absorption of the receiving room is fairly large 
in comparison with the area of the opening. 

Table II shows the variation in the vibration 
pickup readings at different positions. In this 
case, 12 positions on a 3’6’’ <7’ panel were taken. 
It will be seen that the deviations in this type of 
measurement are much greater than those ob- 


TABLE II. Variation in readings with vibration pickup. 


Air-borne sound as source. 








AVERAGE 
DEVIATION 
FOR 12 
POSITIONS 


1 db 1 


MAXIMUM 


FREQUENCY AVERAGE DEVIATION 


100 +20 





47.8 db 4. 8 db 
43.4 s: 
48.4 2 
2 52.5 1. 
+20 49.8 1. 
20 48 2 
+20 37.4 +: 
20 33.3 4. 
KF 


4096 +20 26.8 
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Fic. 1. This wall was part of a double wall. It is probable that the sharp 
peaks at or near 1500 cycles were due to resonance in the air space. This air 


space was about 23” to 3”. 


tained with the microphone. At low frequencies 
the large deviations are probably attributable to 
the vibration characteristics of the panel itself. 
At high frequencies it appears likely that the 
deviations result from the method of applying 
the pickup. It will be noted, also, that the aver- 
age levels fall with increasing frequency. Since 
the pickup measures velocity, it would be anti- 
cipated that with a constant sound source this 
reduction in the reading would only occur where 
the actual transmission loss of the panel was 
greater. In practice, the reduction at high fre- 
quencies is somewhat greater than would be 
predicted from this method of reasoning. 


The measurement of the vibration amplitude 
is useful for the purpose of differentiating true 
panel resonance from variations in the sound 
pressure level at the microphone due to the 
room resonance or the standing wave system. 
A typical chart of panel resonances for the panel 
described above is shown in Fig. 1. 

Fig. 2 shows a number of representative tests 
with the transmission loss calculated by the 
above method plotted against the weight of the 
test construction in pounds per square foot. 
For comparative purposes, the line given by the 
Riverbank Laboratories! weight relation is also 


1P, E. Sabine, Acoustics and Architecture, p. 262. 
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TABLE I. Variation in sound pressure level with microphone 

















position. 
AVERAGE 
DEVIATION AVE. OF 3 
AVE. FOR 8 AVE. 2 MAXIMUM MAXIMUM 
Room FREQUENCY db _ POSITIONS SIDES DEVIATION DEVIATIONS 
Ss 128+20 58.8  3.1db 10.8 db 5.9 db 
2.5 db 
R 128420 67.3 1.9 4.3 3.2 
Ss 150+20 62.5 4.2 : 14.5 9.2 
R 150420 68.5 1.3 = 2.5 2.2 
Ss 256420 72.3 1.3 2.3 1.9 
R 256420 67.3 1.7 “ 3.7 2.4 
Ss 300420 73.1 14 3.1 2.4 
R 300+20 66.5 1.4 aia 3.5 2.8 
Ss 512420 75.4 1.9 3.4 2.8 
R 512420 720 10 oF 2.0 1.7 
Ss 560+20 74.5 2.0 3.5 3.2 
R 560+20 74.3 1.8 - 3.3 2.8 
Ss 1024420 69.0 1.2 : 2.0 2.0 
R 1024420 72.5 1.3 sd 2.5 1.5 
Ss 1070420 68.0 1.8 3.0 2.3 
R 1070420 716 1.0 - 2.4 1.8 
S 2048420 781 1.3 7 2.1 2.0 
R 2048420 766 2.1 ‘as 3.6 3.5 
S 2000420 788 1.4 2.2 1.9 
R 2090420 75.5 1.4 - 2.5 1.8 
S 4096420 67.8 2.0 3.8 3.1 
R 4096420 613 14 “ 3.7 2.6 








average deviation was 2 db or less for all fre- 
quencies above 200 cycles. This average devia- 
tion is still less when the average of the readings 
on the two sides is considered. In general, these 
figures are characteristic of the results obtained 
at different frequencies. The standing wave 
pattern in the room is much more pronounced at 
the low frequencies. 

During the course of these measurements, a 
comparison was made to determine the relative 
reliability of the various methods employed for 
correcting the intensity reduction factor to ob- 
tain the true transmission loss. As noted, stand- 
ard practice has been to apply the area-absorp- 
tion correction indicated by the formula. In the 
case of a certain set of measurements, this 
correction factor averaged — 6.4 db. The construc- 
tion under test was then removed and the pressure 
level on the two sides of the opening measured 
again. It was found that the average differ- 
ence in level for the nine frequencies in this case 
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was —5.4 db. This type of correction has been 
applied at various laboratories. The sound pres- 
sure level immediately adjacent to the receiving 
room side of the panel was also compared with 
the average level observed throughout the room, 
the readings adjacent to the panel all being 
taken within a distance of 3 ft. Here it was found 
that the differences averaged —5.7 db. The 
various methods of correction gave results which 
varied less than 1 db in this case. The absorption 
of the receiving room, however, was quite large, 
being of the order of 100 units or more for all 
frequencies. 

It is probable that in cases where the absorp- 
tion of the receiving room is small, so that the 
factor (A/as) is greater than unity, the cor- 
rection supplied by either the second or third 
method would not be large enough. It will be 
apparent that the intensity in the source room, 
adjacent to the opening with the construction 
removed, can never be less than the average 
intensity in the receiving room. It will also be 
apparent that the intensity immediately adja- 
cent to the panel can never be less than the 
average intensity throughout the receiving room. 
For this reason, the correction can never be a 
plus figure, whereas the type of correction indi- 
cated by the formula may be of this order. It 
appears probable, therefore, that the various 
methods of correction approach each other only 
in cases such as the one described, where the 
absorption of the receiving room is fairly large 
in comparison with the area of the opening. 

Table II shows the variation in the vibration 
pickup readings at different positions. In this 
case, 12 positions on a 3’6’’ <7’ panel were taken. 
It will be seen that the deviations in this type of 
measurement are much greater than those ob- 











TABLE II. Variation in readings with vibration pickup. 
Air-borne sound as source. 
AVERAGE 
DEVIATION 
FOR 12 MAXIMUM 
FREQUENCY AVERAGE POSITIONS DEVIATION 
100 +20 47.8 db 4.1 db 11.8 db 
225+20 43.4 Aj 7.4 
375+20 48.4 2.3 4.4 
512+20 52.5 1.8 3.5 
750+206 49.8 1.4 2.2 
1024+20 48 2.8 8.0 
1500 +20 37.4 1.9 5.4 
2048 +20 33.3 4.1 7.3 
4096 +20 26.8 3.3 6.8 
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Fic. 1. This wall was part of a double wall. It is probable that the sharp 
peaks at or near 1500 cycles were due to resonance in the air space. This air 


space was about 23” to 3”. 


tained with the microphone. At low frequencies 
the large deviations are probably attributable to 
the vibration characteristics of the panel itself. 
At high frequencies it appears likely that the 
deviations result from the method of applying 
the pickup. It will be noted, also, that the aver- 
age levels fall with increasing frequency. Since 
the pickup measures velocity, it would be anti- 
cipated that with a constant sound source this 
reduction in the reading would only occur where 
the actual transmission loss of the panel was 
greater. In practice, the reduction at high fre- 
quencies is somewhat greater than would be 
predicted from this method of reasoning. 


The measurement of the vibration amplitude 
is useful for the purpose of differentiating true 
panel resonance from variations in the sound 
pressure level at the microphone due to the 
room resonance or the standing wave system. 
A typical chart of panel resonances for the panel 
described above is shown in Fig. 1. 

Fig. 2 shows a number of representative tests 
with the transmission loss calculated by the 
above method plotted against the weight of the 
test construction in pounds per square foot. 
For comparative purposes, the line given by the 
Riverbank Laboratories! weight relation is also 


1P. E. Sabine, Acoustics and Architecture, p. 262. 
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plotted and likewise the relationship presented 
by Dr. Knudsen.? This last is presented as a 
weighted value of the results by various labora- 
tories. Both the Knudsen and Sabine curves are 
taken largely, or entirely, from transmission loss 
data obtained in so-called ‘‘panel’’ tests. The 
areas of these panels vary from 15 sq. ft. to 50 or 
60 sq. ft. The correspondence between the data 
of Sabine and the transmission loss figures ob- 
tained in this laboratory is striking. Although 
the lines are of slightly different slope, the varia- 
tion is scarcely more than the limit of error. On 
the other hand, the data given from Dr. Knud- 
sen’s relations are of an entirely different char- 
acter. Not only are the values widely different 


2'V. O. Knudsen, Architectural Acoustics, p. 300. 
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but the slope of the line itself is different. 

In view of this result it seemed desirable to 
compare the data obtained in this laboratory on 
smaller panels. An opening, 3’6’’<7'2"’, into the 
reverberation chamber is used for these panel 
tests and one of the second floor test rooms is 
used as a receiving room. 

Fig. 3 shows a number of points for the trans- 
mission loss figures obtained in panel tests. 
After these points had been plotted, the curve 
presented in Dr. Knudsen’s text and discussed 
above was superimposed upon the chart. It 
will be seen that the agreement is astonishingly 
close. These considerations led to the conclusion 
that the transmission loss figures obtained in 
full scale partition tests did not correspond di- 
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rectly with those obtained on smaller test 
panels. There are at least two obvious differences 
to be expected in these two types of measure- 
ment. In the first place, the fundamental reso- 
nant frequency of a small panel will be higher 
than the fundamental resonance of a large wall 
built of the same materials. It appeared possible, 
therefore, that in the case of small test panels 
the more marked natural frequencies might ap- 
pear within the test range of frequencies. If this 
were the case, it might be anticipated that the 
transmission for the lower test frequencies, such 
as 100 cycles, would be reduced. An examination 
of the test figures does not bear this out, except 
in one or two instances where very light panels 
were used. For the most part, the relatively 


greater insulating efficiency of the small panels 
was as marked for low frequencies as for the 
higher range. 

It is likewise probable that a panel will not 
transmit sound energy as readily in those areas 
immediately adjacent to the rigidly clamped 
edges. Since in the case of the small panel the 
area affected by the clamping represents a 
larger percentage of the total area of the panel 
than in the case of large scale constructions, it 
might be expected that these small panels would 
show a higher apparent transmission loss for 
this reason. If such were the case, it would ac- 
count for the greater apparent effectiveness of 
the panel constructions and might likewise ac- 
count for the difference in the slopes of the two 
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curves. The heavier constructions would ob- 
viously have so much more mass and rigidity of 
themselves that the relative importance of the 
edge clamping would be less significant. One or 
two experiments have been conducted to dis- 
cover whether the transmitting qualities of the 
smaller panels are altered when the edges are 
not clamped rigidly but are mounted on some 
flexible type of support. To date, however, it 
has not been possible to obtain sufficient flexi- 
bility to demonstrate this conclusion. It is in- 
teresting to note that in the case of rigidly 
clamped constructions the measurements made 
with the vibration pickup at different points in 
the panel do show a marked reduction in ampli- 
tude near the periphery. The energy of vibration 
close to the edge of the panel may be as much 
as 5 db less than that at or near the center of the 
panel. 

During the course of these measurements, data 
have been obtained on a number of types of 
double constructions with varying degrees of 
structural connection. Possibly the simplest 


type of double wall, and that most commonly 
used, is that which is constructed upon a single 


set of studs with facing sheets fastened to the 
opposite sides of the studs. A series of tests was 
made on such a construction and it was found 
that the transmission loss was slightly greater 
than would have been predicted from the total 
weight of the wall. Vibration measurements were 
made on the two sides of the wall and it was 
found that the average difference in the vibra- 
tional energy of the two faces (4 db) was almost 
exactly equal to the difference between the 
measured transmission loss and the transmission 
loss predicted from the weight relationship. 
In other words, it appears that the insulating 
effectiveness of a double wall is a function first, 
of the degree of reflection which can be expected 
from its weight and rigidity, and, second, the 
loss resulting from imperfect connection be- 
tween the two faces. A further test on a similar 
construction, which employed staggered studs 
and hence contained no structural connection 
except at the edges, bore out this conclusion. 
Here the difference in the vibration energies of 
the two surfaces was of the order of 13 db, adding 
approximately half to the transmission loss 
predicted from the weight relationship. 
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In another set of experiments, a double wall 
was erected in a similar fashion with each sur- 
face carried on its own set of studs. Here again 
there was no structural connection except at the 
edges at floor, walls, and ceiling. In this case the 
transmission loss was again approximately 50 
percent greater in decibels than would have been 
predicted from the weight of the construction, 
The spacing was originally made one inch be- 
tween the two inner surfaces. This was gradually 
increased to six inches. Although there were 
variations at individual frequencies and indica- 
tions of resonances corresponding to certain 
spacings, the average transmission loss for the 
nine test frequencies increased less than 1 db 
during this series of experiments. This does not 
necessarily prove that the increased spacing 
would have no effect under any circumstances, 
but does seem to indicate that for constructions 
of this type, and particularly where there is solid 
structural connection at the edges, there is no 
real virtue in the increased spacing. 

The most perfect structural discontinuity be- 
tween double walls available in the laboratory is 
between the main building and the reverbera- 
tion chamber. The reverberation chamber is 
built on separate foundations and there is no 
connection between the two parts of the building 
except via the ground itself; and this has been 
reduced as much as possible by the use of sup- 
porting beds of sand and gravel. The transmis- 
sion loss for one of the reverberation chamber 
doors gave an average value of 43 db. The trans- 
mission loss for two doors, one in the reverbera- 
tion chamber itself and one in the wall of the 
external building corresponding, gave an aver- 
age value of 70 db. It will be seen that even under 
the most perfect realizable conditions it was not 
possible even to approach a value twice that for 
the single door, and indeed on theoretical grounds 
it would not be anticipated that the value could 
be doubled. The general conclusion appears to be 
that in commercial practice an increase of 50 
percent is as much as can be obtained by using a 
double wall and that in most cases where there is 
some structural connection this increase may be 
much less. The fact remains, however, that par- 
tially isolated double constructions offer the 
greatest insulating effectiveness for a given 
weight of material. 
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The Characteristics of Sound Transmission in Rooms 


E. C. WENTE, Bell Telephone Laboratories 
(Received May 9, 1935) 


N respect to the acoustics of rooms, as in 

electrical communications engineering, we are 
primarily interested in the transmission of signals 
between two or more distant points, only in one 
case the transmission is electrical and in the 
other, acoustical. It is well known that the 
capabilities of an electrical circuit for the trans- 
mission of signals may be determined by meas- 
uring either the steady-state transmission as a 
function of the frequency or the transient current 
at the receiving end following a sudden change in 
the current or voltage at the sending end. Before 
oscillators capable of delivering currents of 
requisite frequency and purity became available, 
the latter method was applied; the speed of tele- 
graph cables was commonly determined from 
“curves of arrival.’’ At present, however, elec- 
trical transmission systems are almost uni- 
versally evaluated on the basis of their transmis- 
sion vs. frequency characteristics, for the practical 
utility of such systems can be more readily 
determined from this type of data. On the other 
hand, measurements of the acoustics of rooms 
have been confined largely to a determination of 
the reverberation time and to the study of 
echoes by means of short sound pulses; in other 
words, to a study of transient phenomena. Since 
steady-state transmission measurements have 
been of great service in the development of elec- 
trical communication systems, it is of interest to 
inquire into the value of such measurements in 
the study of the acoustics of rooms. It must be! 
recognized that the transmission of sound in; 
rooms differs from the transmission of currents) 
in most practical electrical transmission systems 
in several ithportant respects: The transmission\ 
time is generally greater; the transients are of 
much longer duration; the system is capable of 
vibrating in resonance at so many closely spaced 
frequencies that the transient sound has in 
most practical cases the same pitch as the 
steady-state sound. In spite of these differences 
measurements of transmission vs. frequency 
characteristics made with a high speed level re- 


corder indicate that the most important acoustic 
properties of rooms can be derived from such 
measurements. 

We can obtain the transmission vs. frequency | 
characteristics between two points in a room by | 
generating a pure tone of constant power with a| 
loudspeaker at the one point and measuring the | 
acoustic pressure level at the other point, while/ 
the frequency of the tone is varied continuously. } 
Fig. 1 shows a typical curve obtained in this way. 
The ordinates give the pressure levels in db from 
an arbitrary reference point and the abscissae the 
frequencies. The pressure levels were recorded by 
means of a microphone and a level recorder pre- 
viously described in this journal.! This record 
was made with the frequency varied rather rap- 
idly and the recorder set to operate at low speed 
so that the ordinates give the levels of pressures 
averaged over a fairly wide frequency interval. 
A transmission curve taken in this way shows 
whether speech or music heard at the receiving 
point will have the proper balance between the 
high and the low frequency components. If the 
high frequencies predominate, the sound will be 
characterized by shrillness and, if the low fre- 
quencies overbalance, the sound will have a 
muffled quality. Other quality characteristics are 
indicated when there is a rise or a depression in 
the transmission characteristic at intermediate 
frequency regions. 

The ordinates of Fig. 1 show the pressure levels 
resulting from the superposition of sound waves 
coming directly from the source and waves that 
have been reflected from the surrounding walls. 
The ratio of reverberant to direct sound can be 
determined from the differences in ordinates of 
this curve and a corresponding curve taken out- 
of-doors with the same loudspeaker similarly 
located with respect to the microphone. This type 
of transmission measurement may be made 
within about one minute. By measuring the 
transmission to a number of suitably chosen 


1 Wente, Bedell and Swartzel, J. Acous. Soc. Am. 6, 
121 (1935). 
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Fic. 1. Recorded frequency characteristic of sound 
transmission in a room when the frequency is varied 
rapidly. 


points in this way we may determine the hearing 
conditions throughout an auditorium in a rela- 
tively short time. 

The curve of Fig. 1 was obtained with the 
recorder set for low speed operation while the 
frequency was varied rapidly. It, therefore, does 
not represent steady-state conditions. We know 
as a matter of fact that even if curves of this kind 
showed a perfect balance in the transmission 
throughout the frequency range to all points of an 
auditorium, the acoustic characteristics might 
still be such as to make the auditorium unsuitable 
for either speech or music, for the room might be 
either too reverberant or too dead. Upon this 
point the curve evidently gives us no information. 
However, if the recorder is now set to operate at 
a high speed and the frequency is varied slowly, 
the result will show an entirely different type of 
curve. Fig. 2A gives the curve obtained under 
these conditions for the frequency range of 900 to 
1000 c.p.s. with the loudspeaker and microphone 
in the same positions as for Fig. 1. The time 
required to cover this range was about a minute 
and a half. Within this small range of frequencies 
there are a large number of peaks and valleys 
and the variations in level are as much as 40 db. 
Any communications engineer looking at this 
transmission curve would classify the corre- 
sponding transmission system as a very poor one, 
perhaps incapable of transmitting intelligible 
speech. Such indeed it happened to be in this 
case for the room was so live that it was almost 
impossible to understand speech unless the 
speaker spoke very slowly. The room was now 
given an acoustic treatment by the introduction 
of absorbing material so that the speaking condi- 
tions between the points in question were prac- 
tically ideal. The transmission measurements 
were then repeated under conditions otherwise 
identical with those which obtained for Fig. 2A. 
The curve now obtained is shown in Fig. 2B. 
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Fic. 2. Recorded frequency characteristic of sound trans- 
mission in a room when the frequency is varied slowly, 
A, live room; B, damped room. 


There are only a few large dips and on the whole 
the curve is much smoother. Obviously differ- 
ences in reverberation characteristics are easily 
distinguished in the transmission curve when 
recorded in this way, at least in cases where such 
differences are large. 

It is of interest to see whether we can find some 
means of measuring these differences in trans- 
mission characteristics in a way that will permit 
us to evaluate the reverberation properties of the 
room. As a first attempt we may take the sum of 
the sound pressures of all the maxima in a given 
frequency interval and subtract from it the sum 
of the pressures of all the minima. Values so ob- 
tained for the frequency interval between 900 
and 1000 c.p.s. for various amounts of absorbing 
material in a room of about 10,000 cubic feet 
capacity are shown in Fig. 3. The abscissae give 
the total absorption in the room; corresponding 
reverberation times are also indicated. The 
experimentally determined points are seen to lie 
along a smooth curve, indicating a functional 
relationship. It is not to be concluded, however, 
that either total absorption or reverberation time 
is uniquely determined by the degree of ir- 
regularity of a transmission curve, for such ir- 
regularities depend not only upon the amount of 
absorbing material in the room, but upon its 
location and that of the loudspeaker and micro- 
phone as well. For this reason measurements of 
this type give a better indication than the re- 
verberation time of the reverberant quality of 
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Fic. 3. Relation between the irregularity of the trans- 
mission vs. frequency characteristic and the reverberation 
time, capacity of room 10,000 cubic feet. 


the sound that will be heard at a particular re- 
ceiving point when sound of varying wave form, 
such as speech or music, is generated at the loud- 
speaker position. 

That it is the degree of irregularity in the trans-\ 
mission which determines the reverberant quality | 
of the sound received at a particular point in a \ 
-oom, and not the reverberation time, is indicated 
Sy a phenomenon in binaural hearing.? It is a | 
common observation that when we listen with 
one ear closed to speech or music in a room we | 
perceive the sound as much more reverberant | 
than we do while listening binaurally, although | 
the actual reverberation time remains unchanged. | 
On the other hand, if transmission measurements 
are made with two microphones at the receiving 
end connected in series and separated by the 
same distance as our ears, we shall find that the 
transmission vs. frequency relation is as irregular 
in character as it is when the measurements are 
made with a single microphone, for the resultant 
voltage is proportional to the vector sum of the 
pressures at the two microphones. It is an ex- 
perimental fact, however, that the loudness sensa- 
tion is independent of the phase relation between 
the sound pressures at the two ears. If, for 
instance, the two ears are stimulated by sound 
pressures of the same frequency, the loudness is 


*W. Kuntze, Ann. d. Physik 4, 1078 (1930). 
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Fic. 4. Transmission vs. frequency characteristics under 
various receiving conditions. A, single microphone; B, 
six microphones connected in parallel; C, six microphones 
each provided with rectifier, output circuits of rectifiers 
connected in series. 


just the same when they are in opposite phase as 
when they are in phase. We can, therefore, more 
nearly simulate binaural reception in the trans- 
mission measurements by using two micro- 
phones, each provided with a rectifier, the output 
circuits of which are connected in series to the 
level recorder, for in this case the resultant volt- 
age will be practically independent of the phase- 
relation of the pressures at the two microphones. 
The contrast between binaural and monaural re- 
ception is accentuated if these measurements are 
made with a still greater number of microphones. 
The upper curve of Fig. 4 shows the transmission 
characteristic in a particular room when a single 
microphone is used at the receiving end. The 
middle curve was obtained when the single 
microphone was replaced by six microphones 
connected in parallel. The irregularities in the 
transmission characteristics are seen to be of the 
same order of magnitude in the two cases. The 
lower curve was obtained when each of the six 
microphones was provided with a rectifier and 
the output circuits of the rectifiers connected in 
series to the level recorder. This curve is obvi- 
ously much smoother than either of the other two. 
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We can conclude from this result that in going 
from monaural to binaural listening in a room 
| the effect is similar to that produced by a reduc- 
| tion in the reverberation time of the room. It is 
not, however, exactly equivalent, for it will be 
noted that the reductions in irregularity ob- 
tained by increased absorption and by the use of 
multiple microphones provided with rectifiers are 
not exactly of the same character. We can hardly 
expect it to be otherwise, for in one case the rate 
of decay of sound in the room is altered and in 
the other it is not. 
It is well known that when sound is picked up 
with a single microphone and then reproduced 
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with head receivers or a loudspeaker, the repro- 
duced sound has a more reverberant quality than 
that which is perceived by binaural listening jn 
the source room. To reduce this reverberant qual- 
ity it has been common practice to increase the 
damping of this room beyond the optimum for 
direct listening. The difference between binaural] 
and monaural reception indicated in our meas- 
urements shows that this is a proper procedure, 
On the other hand, comparing curves 2B and 4C, 
we see that it is not possible by this expedient to 
get objectively quite the same change in the 
reverberant quality of the sound as is achieved 
subjectively by binaural hearing. 
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Reducing Noise in Airplane Sound Locators* 


E. R. House, Engineering Research Department, Sperry Gyroscope Co., Inc. 
(Received April 30, 1935) 


HE development of sound locators as a de- 
vice for determining the position of aircraft, 
in flight at night, began in the World War. 

Flying at night “‘under cover of darkness’’ is 
an effective blinding of our seeing sense. Air- 
planes use engines and air screws for their loco- 
motion and deliver hundreds of horsepower to the 
air. This conversion of power is accompanied by 
noise which we recognize as the familiar drone of 
an airplane. 

Then, like the blind man, deprived of our see- 
ing, we use our sense of hearing. The approach of 
a plane is detected by aural listening, its position 
is determined by the binaural directional sense 
of our natural hearing. 

Two general types of sound locator devices 
have been used, paraboloid reflectors and collect- 
ing horns. Fig. 1 shows an early type of parabo- 
loid in use during the World War. Figs. 2 and 3 
show post-war developments of the paraboloid 
and the exponential collecting horn type. 

Developments beyond the state of construction 
illustrated were prompted by the following: 


1. Improvement of the sound locator listening range. 

2. Reducing the dependence of listening range on weather 
conditions. 

3. To offset, by the improvement of sound locators, the 
improvement in modern aircraft that have reduced our 
listening range. 

4. To reduce the bulk and weight of sound locators and 
make them more portable. 


The greater part of our early work was con- 
ducted in the Sound Laboratory. Large and small 
collectors and reflectors having a wide range of 
performance were investigated. The average 
sound output of a plane has more than half of its 
sound energy between 70 and 300 cycles. Sound 
collectors built in accordance with basic acoust- 
ical formulae become very large when they are 
built solely to respond efficiently to the long 
wave-length predominant sounds of the airplane. 





* Paper presented at the Acoustical Society of America 
Spring Meeting, April 29 to 30, 1935, by F. R. House, 
Engineering Research Department, Sperry Gyroscope 
Company, Inc., Brooklyn, New York. 


Having built receivers to respond to the funda- 
mental of the airplane sound at high amplifica- 
tion factors, it was reasonable to assume that 
their listening range would be greater than that 
of the smaller receivers. 

Listening range is the final measure of the 
sound receivers operating efficiency. Range tests 
against airplanes in flight were conducted out of 
doors. Duplication of performance was very un- 
certain. Range data were qualified by typical no- 
tations as “Ideal Weather” or “Test in Open 
Country 2 A.M.” when ranges were long and 
“Distant Traffic Interference’”’ or ‘“‘Wind Inter- 
ference’ when ranges were short. Tests under 
equivalent weather conditions in different loca- 
tions were equally erratic. 





Fie. 2. 


127 








HOUSE 


Fic. 3. 


This uncertainty was quite discouraging. De- 
tail study of the data accumulated suggested 
that, since range was affected by location more 
than by the wide range of detail performance of 
various receivers, it would be better to conduct 
simultaneous tests of all devices in an outdoor 
laboratory. An acoustical survey was made of our 
past outdoor test stations with the aid of now 
available noisemeters and band filters. The data 
on stations close to the city were so variable with 
time of day, traffic and surrounding population 
activity, that we began moving out into the 
country. 

About sixty miles from New York, we found a 
reliable, quiet location, directly under a passenger 
airline. In this way, we obtained modern trans- 
port airplanes as targets passing our station on 
definite air passenger schedules, day and night. 

The sound meter became an _ indispensable 
tool and now was in continuous use accumulating 
data on the noise level variations in our surround- 
ings or ambient. The particular effects of wind, 
distant traffic, local traffic noise, insects, birds 
and animals were recorded. The change in sound 
level when a target was approaching, passing 
over the station and receding, was taken simul- 
taneously with the operation of all our sound 
receiver devices. The range at which the air- 
plane was identified or ‘‘Pick-Up”’ and passed be- 
yond audibility or ‘‘Drop-Out’’ was measured. 

Fig. 4 shows three typical sound levels at sta- 
tion with passing target curves. 

The maximum over station sound levels and 
their corresponding slant ranges are an interest- 
ing means of measuring on a large scale the atten- 
uation of sound energy through the air. Rayleigh’s 
classical acoustics and other references say that 
sound energy varies “inversely as the square of 


distance.”’ Obata in a paper several years ago in- 
dicated that his tests showed the attenuation to 
be greater. 

The source noise level of the airplane may 
be obtained by calculating a number of points on 
any one or more curves to within 10 ft. of the 
target through the observed slant range distance 
when the target is over or passing the station and 
to each side of the station through various slant 
ranges within the region of noise level measure- 
ments. 

The source noise level appears constant while 
the target elevation is 30° or more if we use the 
inverse square relation. Below 30° the attenua- 
tion gradually increases and reaches a value ap- 
proximating “inversely as the fourth power of 
distance”’ when the angle is about 10°. The in- 
creased attenuation is attributed to refraction 
and reflection within the temperature, wind and 
moisture strata of the lower atmosphere. 

Flights No. 9-7144 at 3600 ft. range and No. 
9-7154 at 12,000 ft. calculate to source sound 
levels of 119 and 123 decibels. Considering the 
experimental error of open air sound measure- 
ments, the agreement between these values and 
direct source sound level measurements is 
considered sufficient confirmation of the inverse 
square rule to warrant our further use. 

By maintaining the plan of simultaneous lis- 
tening on all sound receivers, a mass of data were 
accumulated with the following listening con- 
ditions: 

1. Very quiet general ambient. 

2. Creating increased ambient levels artificially. 

3. Changing to other locations. 

4, Using other targets. 

5. Variations in general ambient due to natural inter- 
ferences. 
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Reviewing the collected data we found, in 
general, that the listening range varies primarily 
as a function of the ambient sound level and 
slightly with the frequency response or amplifica- 
tion of our receivers. 

We had intended to collect data on the listen- 
ing range advantage of our receivers in terms of 
the range of the unaided ear. Repeated observa- 
tions showed that listening with a 40-decibel gain 
receiver gave pick-up and drop-out ranges that 
were equal to the unaided ear observer. This 
equality was so definite that an unaided ear ob- 
server was used in all subsequent tests as a 
teference standard. 

The range of a sound locator depends prima- 
rily upon the principle of masking levels. Contrast 
between the ambient noise and that which an 
airplane adds to it is necessary for aural detec- 
tion. Amplification increases the sound level of 
both the ambient and the desired sound but the 
contrast remains the same. 

Fig. 5 shows analyzed typical quiet ambient 
sounds and the change in analysis and total 
sound due to crickets, rustling of wind in trees 
and distant traffic. It will be of interest to note 
here, for future consideration in this discussion, 
that even very quiet ambient conditions show a 
good part of the total sound energy to lie within 








Fic. 4. Sound level at station with passing targets. 


the predominant frequency range of airplanes. 

The scale of noise levels given on the curves 
and in the text have not been corrected to suit 
the new standard zero sound level. All data are 
based on 0.001 dyne per square centimeter pres- 
sure equals 0 decibel level. The zero of the instru- 
ment used had a straight line constant intensity 
characteristic over the entire frequency range. 
No weighting network was used. 

With contrast between our ambient sound and 
airplane sound as our fundamental range factor, 
be can calculate a range curve. The source 
noise level of an airplane may be taken from over 
station data, as in Fig. 4. The sound energy level 
for different ranges is calculated by the inverse 
square rule as the first approximation. This is the 
intensity of the desired airplane sound at the 
listening station. For ample contrast assume an 
equal intensity masking ambient sound. The total 
is 3 decibels greater than either the ambient or 
the airplane. The decibel increase of the total 
sound is a measure of contrast. 

Test observations indicate that, because of 
differences in frequency distribution of the air- 
plane and natural ambient sounds, less than 3 
decibels total sound contrast is identifiable. 
Supercharger and gear noise sometimes are heard 
1 minute before the more characteristic sounds 





































— — a 








— 
















R. 





HOUSE 














s y J J : 
iE IT | a) ¥ 


Decibels O = .00f Oynes/acm. 








Fic. 5. Sound spectrum of ambients. 1. Quiet conditions (day) at location 
(total 21 db). 2. Truck at 1500 ft. (total 33.5). 3. Truck at 1500 ft. and 10-15 
M.P.H. wind (total 38.5). 4. Truck at 1500 ft. and crickets (43.5). 5. Quiet 
conditions and crickets (34.5). 6. Quiet conditions and rustle of leaves on 


trees at 20 ft., light breeze (28.0). 













and before the noisemeter shows any increase in 
level. If the entire spectrum were observed in 
detail we should probably find that some part of 
the spectrum has contrast without affecting the 
total sound level. 

The ambient level is never quite steady. It 
fluctuates 3 decibels minimum even under very 
quiet listening conditions. Listening as a target 
approaches audibility one is conscious of identi- 
fying the airplane on the low swing of the ambient 
and carrying over the identity during the period 
that the ambient is high and the target inaudible 
into the next low. 

Fig. 6 shows a calculated curve. Observed range 
data are also plotted and indicate satisfactory 
confirmation of our assumptions. The observed 
data represent several test locations, different 
airplanes and various natural ambient sound 
levels and artificially produced interference sound 
levels. 

The curve is in two parts. The upper one, from 
zero to 40,000 feet, is applicable to elevation 
angles of 30° or more and is based on sound 
energy varying inversely as the square of dis- 





tance. Unfortunately, no observed data are 
available beyond a 20,000 ft. range at 30° eleva- 
tion or 10,000 ft. altitude. Attenuation due to re- 
duced air density at an altitude of 20,000 ft. may 
modify the end of the curve slightly. The lower 
curve is applicable to elevation angles of ap- 
proximately 10°. Targets flying at elevation 
angles between 30° and 10° would plot between 
the overlapping upper and lower curves. 

The dotted upper and lower curves were calcu- 
lated as an indication of the range-noise level 
relation that would apply to airplanes whose 
total sound has been reduced 10 decibels. It is 
interesting to note that, for every change in 
source decibel output of a plane, a correspond- 
ing change is necessary in the ambient for equal 
range. 

Sound location will always be conducted in an 
ambient of audible noise. If contrast is the funda- 
mental requirement for hearing, we cannot hope 
to make the sound of an airplane audible until its 
total sound level at the listening station or some 
part of its sound spectrum reaches a level ap- 
proximating that of the ambient. 
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Fic. 6. Effect of ambient noise on audible range of airplanes. 


The spacing or base line of our ears is too short 
for accurate binaural centering. Sound receivers 
mounted on an extended base line and supporting 
structure are, therefore, coupled to them. The 
detail performance of various receivers as to dis- 
tortion, amplification, their inherent parasitic 
noise and ability to minimize ambient sounds 
without affecting the desired sound, must be 
considered. 

A reduction in ambient sound results in in- 
creased listening range, therefore sound proofing 
against the ambient is important. So far, ambient 
sound has been treated as a general term. 
Dividing ambient into the detail contributing ele- 
ments, we study their characteristics and work 
out methods whereby soundproofing can be 
obtained. ~ 

General background and local noises, their 
effects, characteristics and magnitude, and 
method of soundproofing, are given in Table I. 

We note two general classes: 


= 


. Sound which is generated at a distance from the receiver 
and is air borne to the receiver opening. 

. Sound which is generated within the receiver assembly 
and is transmitted directly by vibration to the receiver 
sound tract. 


bh 


The medium and high frequency components 
of air-borne sound are attenuated by angular 
deviation of the receivers, the lower frequencies 
only slightly. All air-borne sounds are amplified 
by receiver gain. The receiver and mounting con- 
struction create bad interference. They some- 
times raise the effective ambient level to several 
times that of the natural ambient. The masking 
or interference with the listener’s acuity varies 
from slight to bad as the frequency of the sound 
is high or low. 

The symbols in the last column, Table I refer 
to the method whereby soundproofing against 
the disturbing noise is accomplished. 


A. ANGULAR DEVIATION BETWEEN RECEIVER 
DIRECTION AND THE DISTURBANCE 


Fig. 7 shows the frequency response of a large 
and small receiver. The data were taken at our 
field station with quiet general ambient.and with 
higher level artificial sound. 

The two receivers have a gain ratio of 2 : 1. 
The 90° deviation or directional attenuation 
above 256 cycles is considerable for both receiv- 
ers. The smaller crosses zero at about 2000 
cycles. 

The ideal response of a receiver might be 
defined as that which has a minimum gain or 
sufficient to raise threshold sounds into a more 
comfortable listening level without frequency dis- 
tortion. Also that all frequencies will be sharply 
attenuated by angular deviations of from 30° 
and up. 
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Fic.-7. Response curves of sound receivers. 
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TABLE I. 














CLAsSs OF DISTURBANCE 


DISTURBANCE 





AIR 
DISTURBANCES CONTRIBUTING TO AMBIENT NOISE BORNE 
General ambient ee : ; 
Noise from distant cities, towns, traffic, industry, Entirely 
population and country side 
nearby towns, traffic, etc. Entirely 
lind 
Blowing through trees, wires, rustling of leaves, Entirely 
grass; 
whistling of sharp edges or resonance in cavities Major 
of receiver mounting; F : 5 
turbulence in front of and past receiver opening; Major 
vibration of exposed surface of receiver; Minor 
mechanical rattle of receiver assembly; Minor 
on, and leakage into, listener head set. — 
Rain — 
Falling on surrounding trees, bushes, ground, etc.; Entirely 
on exposed receiver and mounting surfaces; Minor 
on listener’s head. Minor 
Birds, insects and animals Entirely 
Seashore 
Waves breaking on shore. Entirely 
Lakes and rivers . 
Lapping of water on shore. Entirely 
Mechanical : : . 
Rattle and vibration of supporting structure and Minor 


rotating parts, gears, etc. 


Gas electric set 
Exhaust, cooling fan, engine clatter and vibration 
of metal hoods. 


Entirely 








DIRECT EFFECT 
VIBRATION CHARACTERISTICS AND EFFECT REDUCED By 
L. F. 
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Checking the measured data by aural listening, 
we found that at about 30° directional deviation 
the higher frequency sounds, as the rustle of 
leaves in trees, crickets, birds, are practically in- 
audible to the small receiver and a definite inter- 
ference in the large one. Fundamentally, the 
sound locator begins its work at a fair elevation 
angle. 30° appears to be a practical value, judging 
from the altitudes at which airplanes are expected 
to fly. 

The small receiver may then be rated as having 
reduced the noise from this type of interference 
by angular deviation. 


B. IMPROVEMENT IN MECHANICAL DESIGN 


This can be construed as a very broad applica- 
tion of good mechanical design. Particular atten- 
tion should be paid to elimination of mechanical 
slack, gear noise, bearings and sufficient strength 






in the detailed supports so as to eliminate spring- 
ing and vibration. 


C. SOUND AND VIBRATION TRANSMISSION 
PREVENTION 


The noise caused by direct vibration coupling 
to the sound tract is a major interference. 

Rain, wind and high level general ambient 
sound impinging on the exposed outside surfaces 
of the receiver, its mounting and the listener in- 
crease the effective ambient noise in the receiver 
tracts by transmitted vibration. 

The sound tract walls must be isolated so far as 
is practical by sound and vibration transmission 
prevention treatment. 


D. STREAMLINED DESIGN 


Wind blowing past the edges of the receiver 
opening causes turbulence that is directly coupled 
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REDUCING NOISE 
to the air in the receiver. This causes a low fre- 
quency rumble at the ear. Sharp corners cause a 
higher frequency whistle. 

All edges must be generously rounded, and the 
overall design streamlined. 


E. LIsTENING HELMET 


The listener’s head should be fitted with a 
helmet that prevents entry to his ears of any 
sound or air blast other than that which comes 
through the receiver opening. 

The receiver sound tract terminates at the ear. 
This should be fitted with suitable caps to prevent 
vibration from wind blowing past the outside of 
the head or rainfall. 


F. GaAs ELEctTrRIC SET 


The gasoline engine driving electric power gen- 
erating set is used at from 500 to 1000 ft. from 
the sound locator. It is used to supply power up 
to 30 kw to cooperating equipment. 

The operating noise in this unit has been a 
great contributor to increased ambient sound 
levels. 

Better muffling, lowered engine and cooling fan 
operating speeds, better balance and sound- 
proofed cowlings will reduce interference. 


G. CHOICE OF RECEIVER CHARACTERISTICS 


So far, we have not soundproofed against 
general ambient sounds or to the lower frequency 
components that form part of several of our other 
interferences. If we can choose the distance of 
our operating site from noise centers, their 
quantitative effect on range is reduced. 

This is not a practical limitation. There are 
also the other interferences at uncontrollable 
distances which have large low frequency com- 
ponents. 

Sound and vibration insulation become quite 
difficult at low frequencies, especially if weight is 
a factor. We have said that reduction of bulk 
and weight is one of the objects of our in- 
vestigation. 

The hypothesis that ‘‘contrast”’ controls range 
indicates that amplification is not a factor. Fig. 8 
shows the sound level and frequency distribution 
at the listener’s ear through two receivers using 


_ an average ambient sound. For reference, the 
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Fic. 8. Chart of equal loudness contours (1000-cycle 
standard). 


curve shows the new equal loudness of the ear 
contours. The smaller receiver sound curve indi- 
cates only a slight shift in the sound quality 
amplified over that of the natural ambient. The 
larger receiver shows a decided shift to higher 
levels of loudness at low frequency. Again the 
aural check is more convincing. In the larger re- 
ceiver, we are conscious of a distinct low fre- 
quency throb, through which it is difficult to 
listen. 

A minimum of distortion between the sound 
entering the receiver and the amplified sound at 
the ear of the listener is essential. Tests show 
that the listener is more at ease and is able to 
relax and devote his attention to analyzing the 
sound. Having confidence that the sound is free 
of induced parasitic noise, he is able to use 
more thoroughly the discriminating ability of his 
natural hearing sense to detect airplane sounds 
within a difficult sound mixture. 
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The total sound level at the ear under difficult 
listening or high ambient levels must be con- 
sidered. The maximum level at the ear should not 
be uncomfortable. 

We might assume that a listening range of 
40,000 ft. is ample. From Fig. 6, the correspond- 
ing ambient levels would be 25 decibels for planes 
flying at low altitude and 45 decibels for high 
altitudes. When amplified through the two re- 
ceivers covered in Fig. 7, the sound level at the 
ear would range from 45 to 65 in the smaller 
receiver and 65 to 85 in the larger one. The 
average listening comfort in the smaller receiver 
is preferable. 

Selection of the size and type of our receiver 
in this manner is effective soundproofing against 
low frequency noise. 

Fig. 9 is a summary sound level and listening 
range cross section of our quiet test location. 
The effect on range of specific local interference 
or of changing location from open country to 
village, town, city, suburban or residential sec- 
tions, is illustrated. Sound level data taken in 
city, suburban and open country locations in the 


United States and Europe show that the levels in 
Fig. 9 are representative for any location. They 
vary entirely with population, traffic, distance 
from cities, etc. By studying detail maps and data 
on population and traffic activity covering a 
twenty mile radius around a specific location, one 
can predict the ambient noise level within 5 
decibels. 

It is significant that a truck, passing within one 
thousand feet of our quiet location, creates as 
much increase in masking level as moving our 
test station onto the golf links just outside of 
Newark. The increase in level when a 15-20 mile 
wind is blowing represents the natural ambient 
level. Its effective level at the ear may be con- 
siderably higher, depending on receiver design. 
The corresponding reduction of ranges is dis- 
tinctly bad. This applies to all disturbances. 

Soundproofing reduces the effects of our ground- 
borne uncontrollable disturbances and local para- 
sitic sound receiver disturbances. It becomes 
greater as the intensity of our disturbances in- 
crease. Increase of the average listening range is 
the direct benefit of soundproofing. 
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Suggested Acoustical Improvements in the Architectural Design of Bell Towers 


G. M. Giannini, New York City 
(Received June 14, 1935) 


N the last few centuries many towers for bells 

or carillons have been erected in all parts 
of the world. During the seventeenth, eighteenth 
and nineteenth centuries, such bell towers have 
been built using heavy casement construction, 
with small louvers. These towers were limited in 
height and the heavier bells had to be mounted 
at no great distance above the ground. 

The noise levels of these towns, however, 
especially in the ‘Low Countries’ of Europe was 
very low compared with our present day city 
noise levels. Under these favorable conditions the 
bells could be heard satisfactorily in the sur- 
rounding town and oftentimes at some distance 
in the country, thus giving rise to the belief that 
they were a powerful source of sound energy. 

During the early part of the twentieth century 
a number of sets of bells were imported into the 
United States and placed in towers at much 
higher levels above the street than in Europe. 
A great deal was expected of these bells, but in 
most cases the results have been unsatisfactory. 
The towers were better constructed, and more 
openings were made available so that the bell 
tones could easily reach the street. The bells in 
most cases were larger than those of the Old 
World and were mounted similarly to those in 
Europe. 

Such unsatisfactory results were caused by 
higher noise levels and higher buildings blocking 
the path of the bell tone on its way to the sur- 
rounding terrain. 

During the preparation of a previous paper, 
Some Notes on the Character of Bell Tones,! some 
measurements were taken to show the amount of 
absorption in a heavy stone and steel tower. This 
particular tower was on a busy intersection and 
the tests showed definitely that the higher bells 
of the carillon were seldom heard if much traffic 
was prevalent during a concert (Fig. 1). 

The sound intensity of an average set of bells 
was measured by means of a sound meter under 


1A. N. Curtiss and G. M. Giannini, J. Acous. Soc. Am. 
5, 159 (1933). 


very favorable noise conditions. The acoustical 
output hardly reaches 2 watts, which is a small 
amount of energy to contend with even in the 
quietest localities. It is hardly advisable to make 
the bells any larger in order to get more volume, 
and they cannot be struck any harder and still 
retain the pleasing tone so common with good 
bells. Thus the sound intensity of bells cannot be 
increased mechanically except by raising the 
efficiency of the transmission of sound to the 
listening audience. 

By referring back to Fig. 1 it will be noted that 
the attenuation of the lower pitched bells is a 
great deal less than that of the higher bells. An 
investigation of the relative heights of these 
bells in the tower (Fig. 2) shows that the sound of 
the small bells has to travel much further than 
that of the large bells and yet the sound of these 
is transmitted more effectively. 

In the paper previously referred to, a curve 
was taken of the radiation characteristic of a 
bell (Fig. 2). This shows that the largest amount 
of sound is radiated sideways from the surface of 
the sound bow or, in other words, parallel to the 
plane of the rim of the bell. This means that the 
present method of mounting a bell in a fixed 
position is satisfactory, provided there are suffi- 
ciently wide openings in the tower directly oppo- 


SURROUNDING NOSE LEVEL 
TIME IN SECONDS 
2 3 a S 6 7 8 


Fic. 1. Approximate attenuation of bells. 7, tenor bell; 
Eb,, highest pitched bell. 


135 





GIANNINI 


a 


i 


a 
ve i 


SSEOe 
BS zy . 


LD 
ah 
Mua 
Wrens 
SS 


HTH 
HHH 
thin 


tia [7 
Hit 


MM 
rth 
MUTT HH 


Fic. 2. 


site the bell. Since most of the sound is emitted in 
the form of the pattern shown in Fig. 3, the sound 
reaches the ground because of this general radia- 
tion characteristic and some refraction. 

This radiation characteristic becomes much 
more directional at the higher frequencies. And 
yet, in our present day tower construction the 
large heavy bells will be found near the tower 
openings while the higher pitched bells that are 
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Fie. 3. 


much more directive in radiation characteristic 
will be found high up in the tower where the 
sound has to travel down to the openings before 
it can escape into the open air. 

In this country some of our bell towers are 
much higher than those in Europe and seem to be 
less effective than the older, lower towers. Fig. 4 
has been made up to show how the elevation of 
the bells in a tower has a direct bearing on the 
sound intensity in the listening area. The figure 
shows the bells in two positions. The lower posi- 
tion gives a radiation spread which adequately 
covers the intended listening area, while the 
higher position places most of the sound over the 
heads of the intended audience. 

A test could easily be made at a location with 
an average size bell on some scaffolding to deter- 
mine the best height for the bells under given 
surrounding conditions. 

It has been customary in the past to install the 
largest bell of a set low in the tower and the 
smaller, higher pitched bells above. This practice 
was followed because construction materials of 


Fic. 4. H=correct height. 
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high mechanical strength were not available. 
Since with modern steel construction, supporting 
bells does not cause a serious problem, there are 
several reasons why the heavier or lower pitched 
bells should be mounted above the smaller bells. 

As already noted in previous paragraphs, the 
radiation characteristic of the higher pitched 
bells is much sharper, more directional than the 
lower pitched bells. Refraction affects both char- 
acteristics enough to bend the sound waves 
slightly towards the ground. As shown in Fig. 5 
the higher bells are mounted closer to the ground 
with their sharper characteristics and they cover 
the intended listening zone the same as the 
heavier deeper bells with their spread radiation 
characteristic. 

Another reason for mounting the smaller bells 
closer to the ground, and under the heavier bells, 
is that the wave-length of the lowest sound 
emitted by a bell is of the same order of magni- 
tude as the diameters of the bell and its propaga- 
tion is not interfered with by the bells beneath, 
if these bells are smaller than the one above. In 
the conventional method of mounting, the sound 
of shorter wave-lengths originated by the smaller 
bells is intercepted, reflected and distorted by the 
surfaces of the lower larger bells, since these are 
themselves vibrating. The resultant sound may 
therefore include some objectionable interfer- 
ences and combinational tones as referred to in 
the previously mentioned paper. The sound in- 
tensity of the larger bells is much greater than 
that generated by the smaller bells, even though 
double bells may be used in the higher octaves. 
For a more uniform distribution of sound from a 
set of bells, it is obvious that the louder bells 
should be further away from the listener and 
the smaller bells closer to the ground. 

If the noise in the listening area is much higher 
than the sound intensity of the bells, then it may 
be desirable to decrease the noise level by means 
of walls surrounding the audience area, or 
deviating traffic. Another method may be to in- 
crease the sound intensity of the bells by means 
of electrical amplification. With the advent of 
high fidelity reproducing equipment, this ampli- 
fication may be ultimately used to solve the 
problem of noise level and directional character- 
istics encountered in the present carillon. 

All these points bring about the ultimate solu- 
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Fic. 5. Disposition of bells for maximum efficiency and 
least interference. 


tion of designing a tower whose height is definitely 
determined by means of the radiation character- 
istic and the refraction of sound over a definite 
listening area and the efficiency increased by the 
rearrangement of the bell mountings. 

An ideal tower is shown in Fig. 5. A roof is 
used to shield the instrument as much as possible 
from rain and snow. A mixing chamber directly 
under the roof is used to deflect those tones which 
may be radiated upwards by reflection. This 
mixing chamber has also proved to be artistically 
successful in several carillons. Some bell founders 
believe there is no necessity for a roof or mixing 
chamber and advance the theory that the sound 
coming out the top is refracted and carried down, 
at some distance from the tower. According to 
the theory previously discussed, the sound 
radiated vertically must travel so far before it 
reaches ground level, that it is almost entirely 
lost, with the possible exception of rare locations, 
particular atmospheric conditions or at some 
extremely low surrounding noise level. This con- 
dition seldom exists in the larger towns or cities. 

Continuing the description of the tower: di- 
rectly below the mixing chamber is mounted the 
bourdon or the largest bell. The other bells follow 
at lower elevations as shown. 

It will be noticed that the bells at the lowest 
level are duplicate and triplicate. It has been the 
practice of some bell founders to duplicate the 
smaller bells in order to increase their volume to 
compare with the heavier bells. Some objection 
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has been voiced against this practice because it is 
rather difficult to tune two small bells to the same 
pitch and it is even more difficult to adjust the 
striking mechanism so that the two or three bells 
are always played simultaneously. This produces 
objectionable beats and repetition of notes. 

This is overcome in the tower shown by 
separating the two bells by an insulating wall with 
reflecting surfaces. The result is that each bell 
radiates over 180 degrees and therefore the sound 
intensity of each listening point would be the 
same as that created by two bells, but there 
would be no sound interference between the two 
bells. 

Previous tests on the sound intensity of the 
smaller bells shows that they are so low com- 
pared to the output of the heavier bells, that it 
right be advisable to use four bells per note for 
the highest bells. In this case, a double wall 
could be used in which each bell only radiates 
90 degrees. 

Towers, up to the present time, have been 
erected following primarily architectural and 
decorative designs. This is suggested by the fact 
that the openings allowed for the sound to escape 
in most of the American and European towers 
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seldom reach twenty percent of the total surface 
of the walls enclosing the carillon. The tower 
structure around the belfry should be nothing 
more than a supporting frame with plenty of 
space beneath the bells. In some instances the 
lower bells are much below the louvers, which 
greatly reduces their effectiveness. 


CONCLUSION 


The following suggestions are made for im- 
proving the conditions of bell towers, and are 
combined in an idealistic tower shown in Fig. 5: 


1. Consideration of the radiation characteristic and the 
refraction of the sound of the bells of the carillon, to 
determine the optimum height the bells should be 
mounted in order to cover a definite listening area. 

. Mounting the heavier and louder bells at the highest 
elevation and the smaller bells lower. 

. Arranging the smallest bells in duplicate or quadrupli- 
cate sets in separate reflecting chambers. 

. Providing more open structure around the belfry to 
permit the free radiation of the bell tones. 


These suggestions are a solution of the new prob- 
lem in tower construction brought about by 
modern traffic conditions, and may be of some 
future architectural value. 
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Registration of Speech Sounds 


Ss As VOLUME 7 


E. W. Scripture, London, England 
(Received June 21, 1935) 


PORTION from the middle of a sound film 
track of choo is reproduced in Fig. 1. It 
shows the ending of ch and the beginning of oo. 
The small vibrations that make up most of the 
first line recur with a mixture of regularity and 
irregularity. They are the registration of the ex- 
plosive noise with which the sound ch ends. At 
the point marked “‘1”’ a vibration of large ampli- 
tude and complicated form begins; it fades to 
zero at the point marked ‘‘2.’’ There another vi- 
bration of large amplitude and complicated form 
starts; it also fades away. Thereafter follow more 
such vibrations in close sequence throughout the 
entire registration of 00. That the registration of 
a vowel consists of a sequence of bits of vibration 

we express by 
V=B,, Bz, sit (1) 


In passing along the registration of 00 we ob- 
serve that the form of each bit of vibration is not 
exactly like the form of the preceding one. Using 
the sign # to express “‘is not identical with” we 
write 

Bi AB FA::-. (2) 


As the form changes progressively from bit to 


bit, we say each form “‘turns into” or ‘“‘becomes’”’ 
the form of the next one, and we write 


B,-B,—: sank (3) 


The relations (1), (2) and (3) express three of the 





fundamental principles of the structure of vowel 
registrations. 

A vibration that starts strong and diminishes 
in amplitude is said to be affected by a factor of 
decrement. Indicating the factor of decrement by 
p we indicate the dependence of the form on the 
decrement by 


B=f(). (4) 


An expression for the form of a vibration 
should contain coefficients for the amplitude, pul- 
satance (radian frequency), decrement and dura- 
tion of each component that may be found in it. 
The Fourier polynomial provides only for the 
expression of a limited number of pulsatances 
(harmonic series). The Fourier theorem provides 
for all pulsatances from 0 too. Neither of these 
provides for an expression of the decrements. 
The only equation that provides for the expres- 
sion of all amplitudes, pulsatances and decre- 
ments of a vibration between the limits a, 8 is 


co fo) B 
yas dw| dp| ae-?»" cos w(t/—Z)dt’, (5) 
= 0 0 a@ 


wherein w is indicates the pulsatance, p the factor 
of decrement and a the amplitude. Studies of 
vowel registrations have shown that neither the 
pulsatance nor the factor of decrement is neces- 
sarily constant during the vibration; we have 
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therefore the additional relations 


w=f(t'), p=f(t). (6) 


Eq. (5) indicates that the form of the vibration 
depends on the values for the pulsatances, decre- 
ments and amplitudes, that is, that the form is a 
function of these three elements. This is expressed 


by 


B=f(wi, pi, ai). 


(2=1, 2, ---). (7) 


The analysis of the vibration in each bit consists 
in finding the values for w, p and a. The differ- 
ences between one bit and another will be ex- 
pressed by the differences for these values. 

A vibration that starts strong and fades away 
occurs when some system capable of vibration 
has its equilibrium upset and is then left to itself. 
A vibration of this kind is termed a free vibration. 
The impulse that initiates the vibration in the 
air must be something that disturbs the centers 
of equilibrium of the particles. We can get at its 
nature in the following way. 

At the end of the registration of ch the axial 
line of vibration rises slightly and then falls con- 
siderably. Each of the bits of vibration in the 
registration of 00 starts considerably below the 
zero level (upper edge of the track during silence) 


and rises and falls once. The axis of vibration is 
not a straight line but a line of rise and fall. This 
indicates that the position of rest of the air par- 
ticles does not remain the same but changes, 
that is, that the mass of air undergoes a cycle of 
rarefaction and condensation once during each 
bit of vibration. Such a condition could be pro- 
duced by inserting the thumb into the mouth of a 
flask and snapping it out again. A registration of 
the vibration that is produced would probably 
resemble that of one of the bits of vibration ex- 
cept in being of very simple form. The condition 
is more closely reproduced by snapping air out 
of the glottis (glottal catch, coup de glotte) with 
the mouth open. Film tracks of such sounds have 
been made by Lenk.! Each one is exactly like one 
of the bits of vibration in the registration of a 
vowel. 

The movements of the air in the vocal organs 
can be studied by the graphic method as shown 
in Fig. 2. A funnel with a rubber air cushion 
around its edge is placed over the mouth. A wide 
tube leads to a membrane of soft oiled silk whose 
movements are enlarged and registered on a 


moving smoked surface. The membrane follows 


1 Lenk, Zeits. f. Exper.-Phon. 1, 95 (1930-32). 
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Fic. 


gross changes in the pressure of the air; it does 
not respond to vibrations. A glass tip inserted 
into one of the nostrils is fixed in the end of a 
small rubber tube that leads to a second register- 
ing apparatus. A graphic registration of the word 
choo is reproduced in Fig. 3. The height of the 
registration above zero indicates the rate of emis- 
sion of breath. The mouth registration indicates 
that the spoken word began with a short, very 
weak emission of breath followed by a stoppage 
of considerable duration. The stoppage is ended 
by an explosive emission of breath. Thereafter 
the breath current increases slowly to a maximum 
and then falls gradually to zero. Just after the 
maximum point small waves appear; they con- 
tinue until the end. Each of these waves is the 
registration of a brief impulse of air. It is not the 
registration of a vibration because the membrane 
does not respond to air vibrations. In the nasal 
line there is a slight rise at the start and then 
complete stoppage until the end. Very faint 
waves appear simultaneously with the waves in 


3. 


the mouth registration; they register extremely 
faint puffs of air. 

The stoppage in Fig. 3 corresponds to a piece 
of film track with no waves that has been cut off 
in Fig. 1. The explosive breath in Fig. 3 corre- 
sponds to the stretch of regular-irregular vibra- 
tions (part of which has been cut off) in Fig. 1. 
Each wave in Fig. 3 corresponds to a bit of vibra- 
tion in the vowel record in Fig. 1. This compari- 
son furnishes the explanation of the mechanism 
by which the vibrations of speech are produced. 
The explosion of breath rushing through the 
mouth sets the air in the vocal cavity into small 
regular-irregular vibrations in ch. Each puff of 
air from the glottis during 00 causes a change in 
the condensation of the air in the vocal cavity 
and displaces the centers of equilibrium of the 
particles. This displacement results each time in 
a free vibration. The system of frequencies and 
decrements in both the noise of ch and the sound 
of oo depend on the shape, size, openings and 
nature of the walls of the vocal cavity. 
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On the Physics of Speech Sounds 


F, TRENDELENBURG, Berlin-Siemensstadt 


(Experiments in Collaboration with E. FRAnz)* 
(Received May 10, 1935) 


It is difficult to determine the composition of aperiodic 
sound phenomena, particularly those which vary rapidly 
with time, as, for example, speech sounds. The methods of 
automatic electric analysis cannot be applied directly 
because of the time required. The graphic or mechanical 
Fourier analyses cannot be recommended because a great 
number of single analyses must be carried out for aperiodic 
processes. A very clear idea of the sound composition as a 


function of time is obtained when the separate octave 
ranges of the sound processes are recorded oscillographi- 
cally by means of filters. The result of such oscillographic 
investigations of speech sounds is described. The oscillo- 
grams very clearly show the different harmonic and inhar- 
monic components of speech sounds. Conclusions in regard 
to the voice theory are drawn from the oscillograms. 





BJECTIVE speech sound analyses hereto- 

fore have been carried out principally with 
speech sounds which can be produced regularly 
for a considerable time, particularly sung vowel 
sounds; comparatively few data are available on 
the composition of spoken sounds. It is difficult to 
determine the exact composition of aperiodic 
sound processes and particularly those which 
vary rapidly with time. The methods of auto- 
matic electric analysis cannot very well be ap- 
plied because of their comparatively low speed of 
analysis. The graphic or mathematical Fourier 
analysis of long oscillograms of speech is very 
slow ; the continuous change of the composition of 
the sound which characterizes living speech re- 
quires a large number of analyses of separate 
successive curve sections.! 

A very clear picture of the composition of 
rapidly varying acoustic phenomena can be ob- 
tained by recording single spectral ranges of the 
sound separately by means of filters.2 In the 
following we shall describe such experiments with 
speech sounds by means of the ‘‘octave filter” 
which always lets through the components of an 
octave range.® 


* Translated from the original German article and pre- 
sented at the Acoustical Society meeting by J. C. Steinberg. 

1Fourier analyses of such speech sounds have been 
carried out successfully by H. Backhaus in particular, 
Zeits. f. tech. Physik 31, 13 (1932). 

2Filter records already have been made of noise of 
medical importance in the human body. (See H. A. Fred- 
erick and H. F. Dodge, Bell Sys. Tech. J. 3, 531 (1924); 
A. Pierach, Deutsch. Archiv f. klin. Med. 171, 235 (1931).) 

3 The octave filter was developed by H. G. Thilo in the 
Werner-Werk of the Siemens and Halske A.G. We are 


The filter has eight transmission ranges (37.5 
to 75, 75 to 150, 150 to 300, 300 to 600, 600 to 
1200, 1200 to 2400, 2400 to 4800, 4800 to 9600 
cycles). The attenuation in the filter in every 
case increases rapidly beyond the cut-off fre- 
quencies. With the aid of a special switch the 
cut-off frequencies can be displaced by half an 
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Fic. 1. “A,” as in “father.” 


grateful to the Werner-Werk for placing the filter at our 
disposal. A lengthy report on the octave filter will be pub- 
lished shortly in Wiss. Ver. a.d. Siemens-Konzern. 
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octave, the transmission ranges then are between 
50 and 100 cycles, etc. 

The experiments were carried out in such a 
manner that the microphone amplifier acted 
directly on-one oscillograph loop and also by 
way of the filter on a second loop. The speech 
sound or the syllable to be examined was spoken 
several times in immediate succession and the 
direct oscillogram and the octave oscillogram 
were recorded simultaneously. 

The problem whether or not the octave oscillo- 
grams give an image of the actual time curve of 
the components of the range concerned or, in 
other words, the problem whether or not the 


time curve of the events is falsified by build-up 
and decay phenomena of the filters is of interest. 
According to H. Kiipfmiillert the relation be- 
tween build-up time, 7, and band width, AF, is 
given by T=1/AF. Since the band width of the 
filter in cycles always has the same value on the 
octave filter as the lower cut-off frequency of the 
filter, the build-up time corresponds to the recip- 
rocal values of the lower cut-off frequency of the 
filter concerned. The distortions® to be expected 


from the transients, therefore, are of the order of 


4H. Kiipfmiiller, E.N.T. 1, 141 (1924); 5, 1 (1928). 
5 Control oscillograms of sudden sine tones showed that 
the filter actually operates in keeping with the above. 
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number of single analyses must be carried out for aperiodic 
processes. A very clear idea of the sound composition as a 


function of time is obtained when the separate octave 
ranges of the sound processes are recorded oscillographi- 
cally by means of filters. The result of such oscillographic 
investigations of speech sounds is described. The oscillo- 
grams very clearly show the different harmonic and inhar- 
monic components of speech sounds. Conclusions in regard 
to the voice theory are drawn from the oscillograms. 





BJECTIVE speech sound analyses hereto- 

fore have been carried out principally with 
speech sounds which can be produced regularly 
for a considerable time, particularly sung vowel 
sounds; comparatively few data are available on 
the composition of spoken sounds. It is difficult to 
determine the exact composition of aperiodic 
sound processes and particularly those which 
vary rapidly with time. The methods of auto- 
matic electric analysis cannot very well be ap- 
plied because of their comparatively low speed of 
analysis. The graphic or mathematical Fourier 
analysis of long oscillograms of speech is very 
slow; the continuous change of the composition of 
the sound which characterizes living speech re- 
quires a large number of analyses of separate 
successive curve sections.! 

A very clear picture of the composition of 
rapidly varying acoustic phenomena can be ob- 
tained by recording single spectral ranges of the 
sound separately by means of filters.2 In the 
following we shall describe such experiments with 
speech sounds by means of the “‘octave filter” 
which always lets through the components of an 
octave range.® 


* Translated from the original German article and pre- 
sented at the Acoustical Society meeting by J. C. Steinberg. 

1 Fourier analyses of such speech sounds have been 
carried out successfully by H. Backhaus in particular, 
Zeits. f. tech. Physik 31, 13 (1932). 

2Filter records already have been made of noise of 
medical importance in the human body. (See H. A. Fred- 
erick and H. F. Dodge, Bell Sys. Tech. J. 3, 531 (1924); 
A. Pierach, Deutsch. Archiv f. klin. Med. 171, 235 (1931).) 

3 The octave filter was developed by H. G. Thilo in the 
Werner-Werk of the Siemens and Halske A.G. We are 


The filter has eight transmission ranges (37.5 
to 75, 75 to 150, 150 to 300, 300 to 600, 600 to 
1200, 1200 to 2400, 2400 to 4800, 4800 to 9600 
cycles). The attenuation in the filter in every 
case increases rapidly beyond the cut-off fre- 
quencies. With the aid of a special switch the 
cut-off frequencies can be displaced by half an 
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grateful to the Werner-Werk for placing the filter at our 


disposal. A lengthy report on the octave filter will be pub- 


lished shortly in Wiss. Ver. a.d. Siemens-Konzern. 
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octave, the transmission ranges then are between 
50 and 100 cycles, etc. 

The experiments were carried out in such a 
manner that the microphone amplifier acted 
directly on one oscillograph loop and also by 
way of the filter on a second loop. The speech 
sound or the syllable to be examined was spoken 
several times in immediate succession and the 
direct oscillogram and the octave oscillogram 
were recorded simultaneously. 

The problem whether or not the octave oscillo- 
grams give an image of the actual time curve of 
the components of the range concerned or, in 
other words, the problem whether or not the 


time curve of the events is falsified by build-up 
and decay phenomena of the filters is of interest. 
According to H. Kiipfmiiller* the relation be- 
tween build-up time, 7, and band width, AF, is 
given by 7 =1/AF. Since the band width of the 
filter in cycles always has the same value on the 
octave filter as the lower cut-off frequency of the 
filter, the build-up time corresponds to the recip- 
rocal values of the lower cut-off frequency of the 
filter concerned. The distortions’ to be expected 
from the transients, therefore, are of the order of 


4H. Kiipfmiiller, E.N.T. 1, 141 (1924); 5, 1 (1928). 
5 Control oscillograms of sudden sine tones showed that 
the filter actually operates in keeping with the above. 
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the duration of a period of the octave oscillogram 
concerned; hence the distortion of the filter is of 
no practical importance; also details referring to 
time are reproduced satisfactorily. , 
Some speech sound records are reproduced in 
Figs. 1 to 5. Fig. 1 shows octave oscillograms of the 
sung vowel A ; the fundamental tone is weak. The 
components of the principal formant regions are 
strong; they are clearly shown by the curves ob- 
tained with the 600 to 1200-cycle and 1200 to 2400- 
cycle filters. Noticeable components also are pres- 
ent in the octave filter from 2400 to 4800 cycles; 
these are the components which according to 
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earlier investigations by the author® are more 
important than anything else in determining the 
timbre of the voice of a particular speaker. The 
finding that only harmonic components are in- 
cluded in the sound of sung A is very important; 
also, the highest components in the octave range 
from 4800 to 9600 cycles occur strictly period- 
ically in the period of the cord tone. The strict 
periodicity of the sound pattern of sung vowels is 
in very good agreement with Helmholtz’ theory 


6F,. Trendelenburg, Wiss. Ver. a.d. Siemens-Konzern, 
3, (2), 43 (1924); see also the same periodical 4, (1), 1 
(1925). 
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of vowels, as it has previously been pointed out. 
The source of sound in producing sung vowels is 
the vibration of the vocal cords. The vibration of 
the vocal cords contains numerous higher har- 
monics. The harmonics closely related to the 
properties of the mouth cavity are amplified by 
resonance and radiated with particular intensity 
to the surroundings and in this manner the for- 
mant is impressed upon the vibration of the vocal 
cords. According to this theory inharmonic com- 
ponents are not to be expected, in perfect agree- 
ment with the results of our octave filter analyses. 

Conditions are different for voiced consonants; 
in addition to sound production by vibration of 
the vocal cords there are other possibilities of 
sound production here. In uttering consonants 
the current of air is constricted in definite parts 
of the vocal cavities; for example, in the case of S 
at the teeth. Components which are entirely 
independent of the vibration of the vocal cords— 
thus, in general, inharmonic components—may 
be generated by eddies at the point of construc- 
tion. Fig. 2 (voiced S) clearly shows the har- 
monic components due to the vibration of the 
vocal cords in the low octave ranges and the in- 
harmonic components in the high octave ranges. 

The group of liquid consonants (also called 
semi-vowels) occupies a kind of intermediate 
position between vowels and consonants; the in- 
harmonic components are very weak, the har- 
monic components originating from the vocal 
cords predominate (Fig. 3, voiced L). 

Octave filter records of speech syllables which 
begin with an explosive consonant (P, T, K, B, 
D, G) are very informative. H. Backhaus! has 
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already called special attention to the fact that 
these consonants are characterized essentially by 
variations of the composition of the sound with 
time. The octave filter oscillograms (Fig. 4, Gé 
and Fig. 5, Ke) clearly show the time curve of the 
composition of the sound. For the voiced stops 
(B, D, G) the sound of the vocal cords is already 
very evident in the first intonation of the syllable 
Conditions are entirely different for the mute 
stops (P, T, K); here the vocal cord.components 
do not start until the beginning of the vowel. On 
the other hand, a very strong inharmonic com- 
ponent (a “‘spirant’’) occurs at the beginning of 
the consonant; these inharmonic components are 
represented especially prominently in the. high 
octave filters. The early appearance of the har- 
monically constructed vocal cord components in 
the group of voiced stops might be due to the 
fact (according to H. v. Helmholtz)? that the 
glottis was tightly closed before the production of 
these sounds; the vocal cords then begin to vi- 
brate immediately after the start of the sound, 
whereas for the mute stops the glottis is open be- 
fore the sound begins. After the sound has started 
a certain time elapses until the vocal cords attain 
the position in which they can vibrate. 

The described examples show that the composi- 
tion of sound can be clearly represented by 
means of octave filter oscillograms. Many other 
problems of physical and also phonetic interest 
will be solved with this method of investigation. 
An extension of the researches to musical sounds 
is contemplated. 


7H. v. Helmholtz, Die Lehre von den Tonempfindungen, 
sixth edition, p. 113. 
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Acoustical Society News 


@ This (October) issue of the Acoustical 
Journal consists of two parts. Part I includes 
the usual papers and book reviews. Part II 
will be printed separately and will include a new 
list of members of the Acoustical Society, ar- 
ranged both alphabetically and geographically, 
also, the Constitution and By-laws of the 
Acoustical Society, a list of officers since the 
organization, and a brief history of the Society. 
Part II will be bound separately and will serve 
as a convenient reference for members. 

@ The next meeting of the Society will be held 
December 6 and 7 at Harvard University, Cam- 
bridge, Massachusetts. Professor F. A. Saunders 
is Chairman of the Committee on Program and 
Arrangements. 


@ There is a change in the subscription policy 
of The Review of Scientific Instruments. Instead of 
sending this periodical without extra charge to 
members of the Acoustical Society, it is now 
necessary, because of financial difficulties, to 
make a charge of $1.50 a year. Nonmember syb- 
scribers will be charged a rate of $3.00 per year, 
The Review publishes accounts of new scientific 
instruments and devices, it gives the contents of 
the leading scientific magazines, also news about 
scientific meetings and events, etc. It thus renders 
an important service to the readers of the Acous- 
tical Journal, and we urge that they take advan- 
tage of the reduced subscription price and sup- 
port this worthy publication. 


Book Reviews 


Acoustique des Salles. F.-H. VAN DEN DUNGEN. 
Pp. 118. Gauthier-Villars & Co. 


This book is not a compendium of the prin- 
ciples of architectural acoustics, but a collection 
of papers containing chiefly the author’s own 
theoretical studies in this field, some of which 
were previously printed as separate articles in the 
Bulletin de l’Académie royale de Belgique. The 
principal subjects discussed are reverberation 
phenomena, and the application of the principle 
of acoustic similitude to halls and miniature 
models. 

As to reverberation it will be remembered that 
Sabine derived his well-known formula, giving 
the relationship between reverberation time, ab- 
sorption and volume, experimentally. Formulae 
substantially in agreement with that of Sa- 
bine were subsequently derived theoretically by 
Franklin, Jaeger and others. These theoretical 
investigations were based on the principles of 
wave propagation. Two assumptions were made 
which cannot be strictly valid, constancy of ab- 
sorption with angle of incidence, and the existence 
of a diffuse sound field even in the neighborhood 
of an absorbing surface. 

The application of the general field equation, 
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together with the boundary conditions at all the 
exposed surfaces, would lead to an exact solution 
of the problem if it could be carried out without 
simplifying assumptions. This method of ap- 
proach was first adopted by Schuster and Waetz- 
mann in studying sound decay phenomena within 
a cubical room having boundary surfaces of uni- 
form acoustic impedance. To effect a solution 
even in this simple case, simplifying assumptions 
as to the form of the normal modes of vibration 
were made which are not in accord with the 
normal modes that obtain when the walls are 
rigid. M. J. O. Strutt derived Sabine’s formula 
on the basis of the hydrodynamical field equa- 
tion and showed that its validity did not depend 
upon the shape of the room. The solution was 
obtained, however, as an asymptotic value which 
approaches that of Sabine when the ratio of the 
dimensions of the room to the wave-length be- 
comes infinite. The validity of the application of 
a theorem of H. Weyl in Strutt’s derivation when 
there is absorption has been called into account, 
through recourse to a specific example, by Pro- 
fessor van den Dungen. 

In this volume he treats sound reverberation 
as a boundary problem, like Schuster and Waetz- 
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mann. He makes the simplifying assumption that 
the acoustic impedances of the walls are pure 
resistances. This assumption permits him to ob- 
tain solutions in terms of normal modes of motion 
which are of the classical form. The rates of decay 
and frequencies of the various modes of vibration 
within a parallelepiped, the walls of which have 
different absorption characteristics, are discussed 
in detail and the computations of these values 
for a specific room are given. The relationship 
between the absorption coefficient applicable in 
Sabine’s formula and that for perpendicular inci- 
dence is derived. The ratio of the former to the 
latter is equal to 2 for large values of the coeffi- 
cients, and may be as high as 4 or 5 for small 
values. While this result is rather surprising, it 
isin qualitative agreement with the experimental 
findings of Davis and Evans. The author feels 
that this result accounts for some of the abnor- 
mally high coefficients, exceeding unity in some 
cases, that have been obtained experimentally by 
Sabine’s method. 

While the author’s assumption of purely re- 
sistive boundaries is probably never strictly valid 
in any practical case, it may be mentioned that 
the boundary conditions cannot be completely 
defined even by single values of complex im- 
pedances if the walls are capable of transmitting 
transverse vibrations, for in this case the motion 
at any part of the boundary surface is deter- 
mined not only by the acoustic pressure at that 
point but by the pressures at all other points of 
the surface. A chapter is devoted to a discussion 
of the types of equations that would be involved 
under these circumstances. 

A thorough discussion is given of the principle 
of acoustic similitude as applied to rooms. The 
great experimental difficulties involved in at- 
tempting to study the acoustics of rooms with 
miniature models are set forth. While the opti- 
mum reverberation time as a function of size and 
seating capacity of halls depends upon psycho- 
logical factors, the author has derived relation- 
ships based purely upon the principle of simili- 
tude which are in good agreement with observed 
values. 

The last chapter of the book reproduces vari- 
ous previous derivations of reverberation formu- 
lae based on the wave method. In discussing the 
Eyring formula, the author states that its popu- 
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larity rests upon the fact that it cannot give 
values of absorption greater than unity. In our 
opinion it is more the result of the excellent agree- 
ment between observed and computed values of 
reverberation time which it yields for very dead 
rooms, 

Even though the assumptions made by the 
author are only approximations to the actual 
conditions of practice, a careful reading of this 
small volume should lead to a better understand- 
ing of the physical phenomena underlying the 
acoustics of rooms. Physicists will find in it a 
readable exposition as the mathematical deriva- 
tions are interspersed with ample discussions of 
the physical significance of the relationships 
involved. 


E. C. WENTE 





Handbuch der Experimentalphysik. Wien and 
Harms. Vol. 17, Part 1, The Science of Vibra- 
tions, Waves, and Ultra-sound. E. GROSSMANN, 
H. MARTIN AND H. Scumipr. Pp. 534, figs. 
314. Akademische Verlagsgesellschaft, Leip- 
zig. Price 45 RM. 

This is an important reference book on the 
subject of theoretical and experimental acoustics. 
Although much experimental material is in- 
cluded, the emphasis is rather on theory which is 
very completely presented. 

The reviewer was particularly impressed by 
the section on theory of vibrations, by H. Martin 
which deals in an extended manner with such 
familiar subjects as Fourier analysis, modulated 
vibrations, mechanical-electrical analogies, the 
different kinds of resonance, the production of 
vibrations, anharmonic vibrations, combination 
tones, coupled vibrations, sub-harmonics, etc. 
The theory of these subjects is not only clearly 
presented but many particular cases are worked 
out, the results being given by a generous number 
of carefully constructed graphs and diagrams. 
Anyone interested in vibration theory could 
spend a pleasant Sunday afternoon leafing 
through this section. 

The section on Vibrations of Continuous Sys- 
tems and Wave Propagation by H. Schmidt is a 
serious mathematical presentation of such sub- 
jects as free and forced vibrations of bounded 
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media, strings, rods, plates membranes, bells; 
surface waves, etc. Excellent illustrations are to 
be found in the chapters dealing with the vibra- 
tions of membranes and plates. 

The last section, by E. Grossmann, devotes 
about seventy pages to the experimental side of 
ultrasound, discussing the different kinds of 
ultrasound sources and receivers; velocity and 


absorption measurements; and the mechanical, 
chemical, and physiological properties of ultra. 
sound. 

This is a worthy book of reference. It is to be 
followed by Vol. 17, parts 2 and 3, entitled 
Technische Akusttk. 

F. A. FIRESTONE 
University of Michigan 














